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This  report  documents  two  general  method*  for  evaluating  the  performance  degrada¬ 
tion  of  amplitude  modulated  (AM)  receiver*  subjected  to  pulsed  interference.  The  first 
method  involves  a  time  waveform  receiver  simulation  modal  that  provides  detailed 
theoretical  solutions  for  a  range  of  pulse  parameu-  j.  The  second  method  uses  a  combination 
of  measured  data  and  engineering  trends  which  cover  a  reasonably  complete  range  of  pulse 
parameters. 

The  predominant  cause  of  performance  degradation  to  AM  receivers  is  the  energy  of 
the  pulse  spectrum  within  the  receivers'  bandpass.  For  rectangular  pulses  with  duty  cycles 
less  than  8%,  the  pulsed  interference  does  not  appreciably  lower  tite  average  voice 
intelligibility  in  terms  of  Articulation  Score  (AS).  The  performance  degradation  is,  in 
general,  proportional  to  the  log  of  the  pulse  repetition  frequency  (PRF)  and  is  independent 
of  the  pulse  width  for  on-tune  pulses  wider  than  the  inverse  of  twice  the  baseband 
bandwidth. 
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BW 
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GLOSSARY 

The  probability  of  false  alarm 
The  amplitude  of  the  pulse  at  IF  input 
Automatic  gain  control 
Articulation  Index 

The  amplitude  of  the  desued  (undesired)  signal 
at  the  I  F  output 

Amplitude  Modulation 

The  undesued  signal  amplitude  modulation  after 
IF  filtering 

Articulation  Score 

The  probability  o<  false  dismissal 

3  dB  bandwidth  of  a  single  stage  filter  in  radians 

Baseband  (audio)  filter 

IF  bandwidth 

3  dB  bandwidth  of  a  filter  of  n  stages  in  radians 

The  total  frequency  deviation 

Bandwidth 

Correlation  of  the  recognition  of  degradation 
with  intelligibility  measurements 
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GLOSSARY  (continued) 


Af 

Oft  tuned  frequency  difference  between  the  earners 
of  the  desired  and  undesired  signal 

Me  - 

Off  tuning  tor  chirped  pulse 

Off  tuning  tur  non  chirped  pulse 

Au. 

The  frequency  difference  between  the  carriers  of 
the  desired  and  undesired  signal  in  radians 

FFT 

Fast  Fourier  Transform 

1  rr  for  rBjp  •  64 

B j  p  ?  for  ;  B  | p  64 

‘»vs 

l  owpa&s  ei|uiva  ent  of  qs ( 1 )  or  g(t) 

f. 

(|u't) 

Low|>ass  equivalent  of  g<  (t) 

Qt  2*’* 

l  owpass  equivalent  of  g^d) 

G  ^  ^  1 

Lowpass  equivalent  of  G^(o  ) 

G  ^  2  ( <-c ) 

Lowpass  equivalent  of  Gpf.ol 

G  ( to' ) 

Any  system  function  or  narrowband  spectrum  of  a 
real  signal 

tl 

6 

<4 

o 

Positive  or  negative  frequency  portion  of  G(oc) 

*■  — 

G$  or  (u;) 

Positive  or  negative  frequency  portion  of  Gs(co) 

G$(cu) 

Symmetrical  sysfpm  function 

gs<*> 

Impulse  response  of  a  symmetrical  filter 

q(t) 

Narrowband  time  waveform  whose  Fourier  Transform 

is  G(tu) 
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GLOSSARY  (continued) 


9l<t) 

g2(U 

Gj  (cj) 

G  2  ^  ) 

Gj  or  (cj) 
G2or  fc.;) 

IF 

(iN)0 


*'pp 


K 


n 

N 


co, 

(jj  2 


Fourier  transform  o(  G^(uj) 

Fourier  transform  of  G2(ud 

Even  portion  of  G(oj) 

Odd  portion  of  Glu.  ) 

Positive  t/f  negative  frequency  portion  o! 

G  ,lu;) 

Positive  or  negative  frequency  portion  of 
G?(cu) 

Intermediate  frequency 

The  |>eak  interference  to  noise  power  ratio  at 
the  audio  output 

Peak  to  peak  interference  to  RMS  noise  power 
ratio  at  the  audio  output 

Decision  threshold  level 

The  oes  ?d  modulation  index  after  IF  filtering 
Number  of  double  tuned  stages  in  cascade 
Integer  1 ,  2,  3,  .  . 

Angular  frequency 

.64 

.64  u) 

High  frequency  3  dB  cutoff 

The  carrier  frequency  of  the  pulsed  CW,  in  radians 
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GLOSSARY  (continued) 
u>L  =  Low  frequency  3  dB  cutoff 

oj0  -  Center  frequency  of  the  IF  amplifier,  in  radians 

ujs  -  The  frequency  of  the  desired  modulating  tone  in  radians 

PB  Phonetically  balanced 

PCI  -  Pattern  correspondence  index 

PRF  Pulse  repetition  frequency 

PRF  ,  :  PRF  at  rate  1 ,  2 

PW  Pulse  width 

p(t)  The  amplitude  modulation  of  the  pulsed  interfering 

signal  plus  the  amplitude  transients  caused  by  the 
IF  filter 

P  Input  power 

P„  (x)  Output  signal  plus  noise  density 

Pp  Output  power 

O,  (t)  =  The  undesired  signal  phase  modulation  after  IF 

filtering 

0 ( t )  =  Phase  modulation  of  detector  output  signal 

\ h  ~  Th°  phase  shift  of  the  information  after  IF 

filtering 

Q  =  The  Q  factor  of  a  filter 

Qn  =  Q  factor  of  n  cascaded  filters 
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Qn(x) 

RF 

RMS 

Rl 

Rt 

Rs 

S 

SCIM 

SINAD 

S  N 
(S  I) 

tsn 

A  A 

(SI ) 

(S  l)i  2 
(S/I)D 


t 


GLOSSARY  (continued) 


Output  noise  density 
Radio  frequency 


Root  mean  square 


A|  Ag  -  the  ratio  of  the  undesued  signal 
amplitude  to  the  desired  signal  amplitude  at  the 
IF  output 

Means  take  the  real  part 

A^  A |  the  ratio  of  the  desired  signal 
amplitude  to  the  undesued  signal  amplitude 
at  the  IF  output 

Desired  signal  power  in  dBm 

Speech  communication  index  meter 

Signal  plus  noise  plus  distortion  to  noise  plus 
distortion  power  ratio 

RMS  signal  to  noise  power  ratio 

The  RMS  signal  to  RMS  interference  power  ratio 

-  The  RMS  signal  to  peak  interference  power  ratio 

-  The  peak  desired  signal  to  peak  interfering  signal 
power  ratio 

-  The  (S  I)  in  dB  at  PRF  1  or  2 

=  The  RMS  signal  to  RMS  interference  power  ratio  at 
the  detector  output 
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GLOSSARY  (continued) 

A 

(SI)  -  The  RMS  signal  to  peak  interference  power  ratio  al 

the  detector  input 

A 

(S.  I)  f  -  The  RMS  signal  to  peak  interference  power  ratio  at 

the  IF  input 

The  RMS  signal  to  RMS  interference  power  ratio  at 
the  audio  output 

T tie  peak  signal  to  peak  mieifererue  power 
ratio  at  the  I F  output 

Ttie  RMS  signal  to  pea),  interference  power  ralio  at 
the  RF  input 

(S  If,,,)  Ha  RMS  signal  to  zero  to  peak  interference  power 

ratio  at  the  audio  output 

(S  I,,,,)  The  RMS  signal  to  peak  to  peak  interference 

powr  r  ratio  at  the  audio  output 

[S,  (N *0* I) '  0  The  RMS  signal  to  RMS  (noise  |)lus  distortion 

plus  interference)  powei  -atio  af  the  audio  output 

[S  (M»D*l)p  p  The  RMS  siqnal  to  peak  to  peak  noise  plus  distortion  plus 

interference  powr r  ratio  at  the  audio  output 

a  -  Standard  deviation 

*<f 

T  -  The  pulse  period 

t  ~  The  pulse  width 

7h  =  The  transmitted  pulse  width 

rt  -  The  phase  difference  between  the  desired  and 
ondesired  carriers  after  IF  filtering  (phase 
angle  of  desired  carrier  =  0°) 


(sn0 

A  * 

iS/IU 
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GLOSSARY  (continued) 

UPL  =  Upper  performance  level 

VIAS  =  Voice  interference  analysis  system 

V^torcj)  =  The  detector  output  signal  in  time  or  frequency 

Vj+^(t  or  co)  =  The  IF  input  interference  plus  noise  signal  in 

time  or  frequency 

VQ(t  or  cj)  =  The  lowpass  filter  output  signal  in  time  or 

frequency 

Vg’or  l  +  N*1  or  ^  =  The  o^P01  rfesir(?d  or  interference  plus  noise 

signal  in  time  or  frequency 

Vgor  |  or  N^1  or  ^  The  mPut  desired,  interference,  or  noise  signal 

in  time  or  frequency 

V ( t )  =  The  detector  input  desired  plus  undesired  signal 

X ( t)  =  IF  filter  input  time  waveform 

X(w)  =  Spectrum  for  periodic  rectangular  pulse 

X  |  ( t)  =  Quadrature  component  of  desired  signal 

Xp(t)  =  Quadrature  component  of  de'ired  signal 

Xg(t)  =  Complex  envelope  of  desired  signal 

Y|(t)  =  Quadrature  component  of  undesired  signal 

Y|+|\j(t)  =  Complex  envelope  of  undesired  signal 

Yp(t)  =  Quadrature  component  of  undesired  signal 

*  =  Denotes  the  complex  conjugate 
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SECTION  1 

INTRODUCTION 


BACKGROUND 

The  Electromagnetic  Compatibility  Analysis  Center  (ECAC)  is  engaged  in  a  continuing 
study  of  the  relationship  of  various  desired  and  undesired  signals  to  the  performance  of 
receiving  systems.  This  investigation  is  part  of  the  Center's  effort  to  formulate  methods  to 
analyze  equipment  electromagnetic  compatibility.  Some  of  this  performance  evaluation 
effort  has  been  previously  reported  (References  1  5). 

A  general  investigation  of  pulsed  interference  effects  was  initiated  because  of  the 
increasing  use  of  pulsed  communication  and  radar  systems.  Information  concerning  a  wide 
range  of  pulse  parameters  and  different  types  of  desired  modulation  was  of  interest.  An 
initial  literature  review  (References  6  through  9)  revealed  that  insufficient  information  was 
available  to  cover  a  full  range  of  pulsed  interference  effects.  Therefore,  a  general 
investigation  of  the  effects  of  pulsed  interference  in  the  following  receiver  types  was 
undertaken: 

1.  Amplitude  Modulation  (AM) 

a.  Voice  (Narrow  and  Wideband  (High  Fidelity)) 

b.  Analog 

c.  Digital 

2.  Frequency  Modulation  (FM) 

a.  Voice  (Narrow  and  Wideband  (High  Fidelity)) 

b.  Analog 

c.  Digital 

3.  Television  (TV) 

4.  Frequency  Division  Multiplex  (FDM) 

a.  Voice 

b.  Analog 

c.  Digital 

5.  TACAN 


6.  Radar 
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This  report,  which  is  the  first  n  a  series  concerning  pulsed  mterterence,  analyses  the 
performance  of  amplitude  moduljted  (AM)  receivers  The  effects  of  pulsed  interference  on 
other  receiver  types  will  U.  i epui  ted  u i  iubscquent  iloLuments  and  j  sei 1 1 ii i id i  y  of  the  overall 
analysis  results  is  planned 

OBJECTIVE 

The  objective  of  this  effort  was  to  develop  the  capability  to  solve  the  general  problem 
of  pulsed  interference  to  AM  receivers.  In  particular,  to 

1.  Obtain  ihroucjh  measurements  and  analysis,  curves  jitd/oi  relationships  that 
describe  the  performance  degradation  of  AM  receivers  interfered  with  by  a 
range  of  "typu  a!"  pulsed  interference 

2.  Develop  a  model  which  provides  detailed  simulation  of  an  AM  receiver  to 
evaluate  performance  degradation  in  the  presence  of  pulsed  interference,  and 
which  has  the  capability  of  accommodating  a  full  range  of  pulse  parameters. 

APPROACH 

It  was  originally  desired  to  model  voice  modulated  AM  as  well  as  digital  and  analog 
modulated  AM  Since  measurements  were  not  available  m  suite  lent  detail  for  all  t y pes  of 
AM  receivers,  the  study  concentrated  on  the  predominant  case,  voter;  modulated  AM.  All 
AM  receivers  involve  the  same  basic  hint  (ions  (only  the  baseband  output  signal  processing 
differs).  Consequently  although  the  output  signal  | >r •  cssmg  of  digital  and  analog 
modulated  systems  was  not  modeled  the  solution  to  these  problems  can  be  obtained  horn 
tne  baseband  output  solutions  of  this  investigation  1  tie  application  to  a  digital  system  is 
outlined  in  Appendix  IV 

The  program  began  with  a  hit  r, dun  search  and  a  pielimmaty  investigation  to 
determine  an  'hypothesized  '  degradation  mechanism  ant)  analysis  This  was  followed  by 
the  preparation  of  a  test  plan  and  subsequent  measurements  to  investigate  pulsed 
interference  for  a  general  range  of  jmlse  widths  pulse  rates  frequency  sweeping  (chirping) 
and  interference  off  tuning  Tire  output  performance  degradation  was  measured  in  terms  of 
the  basic  voice  degradation  measurements  of  articulation  scoie  (AS),  articulation  index  (Al), 
minimum  interference  thresholds  and  signal  to  interference  ratios. 

The  measurement  program  was  divided  into  two  phases  in  order  to  expedite  solutions 
to  the  pulsed  interference  problem  The  results  of  MIL  STD  449  (  I  (reference  10)  type 
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measurements  and  simple  output  degradation  measures  were  obtained  under  Phase  I.  Those 
measurements  that  required  detailed  subjective  evaluation  (i.e.,  articulation  scoring  for  voice 
systems)  were  reported  in  Phase  1 1 . 

Two  detailed  investigations  were  undertaken.  The  first  consisted  of  analyzing  the  basic 
receiver  signal  processing  structure  and  the  Phase  I  measurements  to  determine  if  the 
hypothesized  pulsed  degradation  mechanism  was  correct  The  second  was  to  develop  a  time 
waveform  receiver  simulation  model,  based  upon  the  pulsed  degradation  mechanism 
capable  of  generalization  to  any  type  of  pulsed  interference  problem.  The  simulation  model 
was  developed  to  obtain  quantitative  solutions  to  an  interference  problem  that  is  generally 
untractable  using  truncated  series  approximations  (reference  5) 

After  the  conclusion  of  the  Phase  II  measurements,  a  comparison  was  made  between 
the  outputs  of  the  simulated  receiver  and  the  measured  receiver  to  validate  the  simulation 
procedure.  Engineering  models  were  then  constructed  from  a  combination  of  the  measured 
and  simulated  receiver  outputs 
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SECTION  2 
RESULTS 


DISCUSSION 

The  results  of  this  analysis  have  evolved  from  a  combination  of  two  different,  but 
simultaneous,  approaches  to  the  problem.  The  first  approach  was  to  develop  and  use  a 
receiver  simulation  model  which  provides  detailed,  theoretical  solutions  for  a  general  range 
of  pulse  parameters. 

In  the  second  approach,  an  extensive  set  of  data  (summarized  in  TABLE  6  1  and 
presented  in  Appendix  III)  was  examined  to  determine  the  dependence  of  receiver 
performance  on  variations  in  signal  to  peak  interference  power,  pulse  width,  pulse  repetition 
frequency,  off  tuning,  chirp  rate,  AGC  effects,  linear  filtering,  and  any  special  non  linear 
characteristics  of  the  victim  receiver.  Engineering  trends  were  revealed  which  generalize  the 
basic  data  to  include  a  reasonably  complete  range  of  pulse  parameters. 

A  discussion  of  the  signal  processing  in  the  receiver  simulation  model  referred  to 
frequently  in  this  report  is  contained  in  Section  4.  The  model  transforms  a  desired  signal, 
along  with  a  pulsed  interfering  signal  and  narrowband  gaussian  noise,  through  an  IF  filter, 
the  second  detector,  and  a  baseband  filter.  Voice  modulated  desired  signals  are  further 
processed  through  an  articulation  index  (Al)  decision  mechanism.  The  model  has  been 
validated  through  comparison  with  measured  data. 

CONCLUSIONS 

The  results  of  the  theoretical  and  empirical  approaches  to  predicting  the  effects  of 
pulsed  interference  on  AM  systems  were  analyzed  extensively.  This  analysis  led  to  the 
formulation  of  the  following  conclusions,  which  are  discussed  in  detail  in  Section  6: 

1.  The  predominant  cause  of  receiver  degradation  for  a  periodic  pulse  train  is 
the  power  of  the  pulse  spectrum  contained  within  the  receiver  bandpass.  Degradation  from 
the  RF  nonlinear  effect  of  cross  modulation,  due  to  the  presence  of  pulsed  signals,  was  not 
observed  in  this  investigation  for  peak  interference  power  levels  up  to  24  dBm.  It  is  difficult 
to  eliminate  the  adjacent  channel  (non-spurious)  effects  of  pulsed  interference  in  a  receiver 
because  band  stop  filters,  centered  at  the  undesired  carrier  frequency,  will  not  remove  in 
band  povwr. 
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2.  Pulsed  degradation  to  AM  receivers  can  be  evaluated  by  analyzing  the 
processing  of  desired  and  undesired  signals  through  the  intermediate  frequency  (IF) 
bandpass  filter,  the  envelope  detector,  the  baseband  filter,  and  an  appropriate  decision 
mechanism. 

3.  The  far  off  tune  response  of  receivers  whose  I F  bandwidth  is  greater  than  the 
reciprocal  of  the  interfering  pulse  width  follows  the  fall  off  rate  (envelope)  of  the  pulse 
spectrum  (20 dB  per  decade  for  a  rectangular  pulse).  Measured  data  showing  the  typical 
receiver  response  to  off-tune  rectangular  pulses  is  presented  in  Figure  2-1.  The  figure 
presents  the  type  of  information  required  for  the  prediction  of  degradation  to  AM  systems 
due  to  pulsed  interference,  given  transmitted  power  and  propagation  loss.  Solutions  for  a 
range  of  pulse  parameters  may  be  obtained  from  similar  curves  in  this  report. 

4.  Performance  degradation  is  a  function  of  the  input  signal-to-peak 
interference  power  ratio  for  desired  input  signal  levels  much  greater  than  the  noise.  For  low 
or  "sensitivity  type"  input  signal  levels,  degradation  is  a  function  of  both  interference  and 
noise. 


5.  Rectangular  pulsed  interference,  averaged  over  all  pulse  widths  and  pulse 
repetition  frequencies,  does  not  appreciably  lower  voice  intelligibility  in  terms  of 
articulation  score  (AS)  until  the  duty  cycle  approaches  50%.  For  duty  cycles  less  than  8% 
(radars  are  typically  less  than  1%)  rectangular  pulses  do  not  lower  intelligibility  even  for 
input  signal-to-peak  interference  ratios  as  low  as  -70  dB. 

6.  Performance  degradation  increases  linearly  with  the  log  of  the  interference 
pulse  repetition  frequency  (PRF)  up  to  approximately  1,000  PPS.  In  particular: 

A 

a.  The  input  signal  to  peak  interference  ratio  (S/I)  required  for  a  constant 
articulation  index  (Al)  value  increases  linearly  with  log  PRF. 

A 

b.  The  input  (S/I)  required  for  a  "just  perceptible"  threshold  interference 
condition  increases  linearly  with  log  PRF. 

A 

7.  The  input  signal-to-peak  interfering  ratio  (S/I)  required  for  a  constant  Al 
value  increases  linearly  with  log  of  the  PW  up  to  the  inverse  of  twice  the  baseband 
bandwidth.  Degradation  is  not  a  function  of  interference  pulse  width  for  on-tune  pulses 
longer  than  the  inverse  of  twice  the  baseband  bandwidth. 

8.  Approximately  2  dB  more  interference  power  within  the  receiver  IF 
bandwidth  is  required  for  non-chirped  pulses  than  for  equivalent  (pulse  shape,  PRF,  PW) 
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chirped  pulses  for  the  tamo  Al  performance  level.  The  degradation  effect  of  chirped  pulses  it 
primarily  a  function  of  the  interference  power  in  the  IF  bandwidth  and  of  the  interference 

PRF. 


9.  Performance  specifications  in  terms  of  articulation  score  (AS)  or  articulation 
index  (Al)  for  pulsed  interference  can  be  determined  by  measuring,  in  the  baseband,  either 
the  si  goal- to- peek  interference  power  or  the  signal  to-average  interference  power  ratios. 

10.  The  minimum  interference  threshold  level  is  a  function  of  the  input 
signal-to-peak  interference  ratio  and  the  baseband  signal -to  noise  ratio.  (It  is  also 
proportional  to  the  log  of  the  PRF  as  stated  in  conclusion  7.) 

11.  Audio  limiting  improves  the  performance  in  terms  of  Al  for  narrowband  AM 
systems  that  can  tolerate  some  clipping  distortion.  Systems  that  require  a  minimum 
interference  threshold  level  will  not  benefit  through  audio  limiting.  The  intelligibility  in 
terms  of  AS  was  approximately  the  same  with  and  without  limiting. 
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SECTION  3 

ANALYSIS  BACKGROUND 

GENERAL 

The  approach  to  the  AM  receiver  degradation  investigation  was  to  combine  detailed 
measurements  and  analyses  The  analytic  portion  consisted  ot  a  theoretical  study,  a 
computer  receiver  simulation  and  an  investigation  ut  the  measured  and  simulated 
degradation  trends 

Section  4  contains  a  discussion  ot  the  analytic  investigation  and  an  outline  ot  the 
computer  simulation  model  Section  5  contains  a  description  of  the  measurement 
procedure  Section  6  contains  the  analysis  of  the  measured  and  simulated  data  and  the 
subsequent  models  obtained  ft  r  pulsed  interference  to  AM  receivers 

RECEIVER  DESCRIPTION 

In  order  to  consider  receiver  degradation  effects  an  initial  investigation  of  the  "typical 
complete"  receiver  structure  shown  m  Figure  3  1  is  required  This  figure  shows  RF,  IF  and 
baseband  signa1  processing  elements  that  must  Ik:  considered  ’ 

The  modeling  of  strong  adpicent  channel  peak  interference  levels  should  include  the 
nonlinear  receiver  effects  of  cross  modulation  (or  mtermodulation),  saturation, 
descnsitization  and  spurious  responses  These  effects  are  generally  difficult  to  analyze 
because  superposition  does  not  apply 

The  measurements  that  were  analyzed  did  not  indicate  the  presence  of  cross 
modulation  (or  mtermodulation)  due  to  RF  nonlinear  effects  for  interference  levels  up  to 
24  dB  m.  This  type  of  response  was  therefore,  either  a  secondary  effect  or  non-existent  and 
was  not  considered  in  the  modeling 
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Spurious  responses  cun  be  eliminated  from  consideration  by  noting  that  receiver 
performance  degradation  from  pulsed  interference  located  exactly  at  a  spurious  response 
frequency  involves  the  same  mechanism  ( i  e. ,  the  power  transfer  due  to  the  nonlinearity)  as 
the  case  when  the  interference  source  is  a  continuous  (non  pulsed)  souice  The  investigation 
of  these  spurious  response  frequency  locations  has  been  extensively  analyzed  in  the 
literature  (references  1 1  and  12).  They  are  primarily  a  statistical  problem  associated  with  a 
particular  nomenclatured  equipment  and  will  not  add  to  the  understanding  of  the  general 
AM  pulsed  interference  phenomena  Consequently,  the  spurious  response  area  will  not  be 
further  considered  in  this  investigation  All  that  is  required  to  extend  the  solutions  in  this 
report  is  a  knowledge  of  the  spurious  response  frequencies  the  rejection  levels,  and  the 
spurious  response  selectivity  of  the  particular  receiver  being  investigated  This  can  be 
obtained  from  spectrum  signature  data  (References  12,  13  and  14) 

The  related  problems  of  saturation  and  AGC  desensiti/ation  should  be  addressed  in 
order  to  properly  process  high  power  pulsed  interference  This  area  will  be  treated  .h 
Section  4 

The  reduced  receiver  structure  tu  be  specifically  analyzed  in  this  report  is  given  in 
Figure  3  2  This  analysis  concentrates  on  the  receiver  mechanisms  that  determine  Ihe 
transformation  of  both  the  desired  siqnal  and  pulse  interference  between  the  IF  inpul  and 
the  baseband  hlter  output  It  was  assumed  that  saturation  will  not  occur  up  to  some 
specified  level,  to  be  determined  separately,  and  that  the  RF  amplifier  section  has  a 
bandwidth  sufficiently  wide  to  pass  the  undesired  pulse  without  modification  within  the 
imits  of  the  IF  bandwidth  The  analytic  investigation  involved  the  analysis  of  the  IF  filter, 
second  detector  baseband  filter  AGC  circuitry  and  the  output  decision  mechanism  The 
investigation  resulted  m 

a.  An  understanding  of  the  signal  processing  of  the  individual  receiver 
sub  structures  h  e  ,  IF,  detector,  baseband  filter,  decision  mechanism)  and 
the  overall  combination  of  these  elements  to  form  the  basic  receiver. 

« 

b.  Asymptotic  signal  to  peak  interference  (S/I)  solutions  (i.e.,  solutions  valid 
when  S  »  I  or  T»  S),  which  are  limited  in  application  but  are  sometimes 
simple  solutions  to  the  problem.  For  a  general  discussion  of  this  approach, 
see  references  1  and  5 

c  Formulation  of  the  general  equations  and  procedures  used  in  the  receiver 
time  waveform  simulation  process 
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The  receiver  simulation  is  the  heart  of  a  family  of  detailed  receiver  models  that  ECAC 
is  developing  These  models  art  different  from  many  others  m  that  the  time  waveform 
(amplitude,  phase)  characteristics  are  processed  through  the  receiver  structures  in  a  manner 
analogous  to  the  processing  of  the  voltage  (or  current)  in  a  real  receiver  This  is  a  digital 
computer  simulation  of  an  analog  model  of  a  complete  receiver.  This  kind  of  processing  is  in 
contrast  with  the  power  filtering  models  employed  in  most  analysis  techniques.  The  power 
models  are  generally  adequate  only  when  it  has  been  shown  that  power  is  an  appropriate 
degradation  measure. 

The  simulation  approach  is  presently  feasible  because  of  the  Fast  Fourier  Transform 
technique  (reference  15)  which  allows  efficient  transformations  between  the  time  and 
frequency  domains  as  required  fur  the  linear  and  nonlinear  receiver  signal  processing. 

The  AM  receiver  simulation  procedure  which  is  a  part  of  this  program  will  be  outlined 
in  Section  4  A  full  description  of  the  details  of  this  simulation  process  will  be  written  in  the 
future  as  a  separate  report  of  ties  series 

Section  6  discusses  the  modeling  of  the  interference  effects,  based  upon  a  combination 
of  measured  and  simulated  data  It  is  the  purpose  of  that  section  to  develop  models  that  can 
be  used  to  extend  the  measured  performance  degradation  data  to  other  cases  of  interest. 
The  most  accurate  results  will  be  obtained  try  running  the  receiver  simulation  model  for  a 
particular  case  of  interest  However  this  solution  may  not  i.  •vailable  to  all  investigators. 

The  overall  goals  of  this  program  are  to  investigate  pulsed  interference  to  AM,  FM,  TV, 
FDM,  T  ACAN  and  Radar  systems.  The  results  of  this  investigation  are  also  applicable  to  PM, 
SSB.  TDM  and  other  pulse  modulation  techniques  which  are  not  specifically  investigated  in 
this  report.  The  solution  to  latter  modulation  types  involves  the  signal  processing  of  the 
narrowband  amplitude  (envelope)  or  phase  angle  of  the  signal  or  I  in  some  special  cases)  a 
combination  of  both.  In  both  sets  of  modulation  types,  the  output  decision  mechanisms 
involve  only  voice,  digital  or  analog  modulated  signals.  The  general  solution  to  the  latter  set 
of  problems  will  be  covered  in  this  investigation. 

If  PM,  SSB  or  TDM  systems  are  examined  in  detail,  the  following  minor  changes  are 
required.  The  general  PM  solution  requires  a  determination  of  the  narrowband  phase  angle. 
Since  the  FM  solution  required  a  derivative  of  this  phase  angle  (Appendix  Id  reference  1), 
it  is  only  necessary  to  turn  off  this  function  in  the  simulation  model  to  solve  this  type  of 
problem.  The  SSB  systems  typically  employ  product  detectors.  This  linear  operation  simply 
removes  the  second  detector  operation  and  reduces  the  simulation  model  to  filter  and 
decision  mechanism  processing  elements  All  the  other  modulation  methods  typically 
employ  some  form  of  amplitude  or  phase  angle  modulation  and  can  be  readily  adapted  from 
the  general  purpose  simulation  model 
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SECTION  4 

AM  RECEIVER  ANALYSIS 


GENERAL 

This  section  discusses  the  analysis  of  the  AM  receiver  signal  processing  elements  shown 
in  Figures  3  2  and  4  20.  This  includes  the  analysts  of  the  IF  filter,  second  detector,  baseband 
filter,  AGC  circuitry,  the  output  decision  mechanism  (see  Appendix  IV)  and  the  receiver 
simulation  model  The  purpose  of  this  section  is  to  define  the  equations  used  in  the 
simulation  process  and  to  discuss  the  mechanisms  that  are  involved  in  pulsed  interference. 

IF  FILTER  ANALYSIS 

The  following  analysis  primarily  considers  the  tiansformation  of  pulsed  signals  through 
an  effective  linear  IF  filter  This  topic  has  been  previously  investigated  in  references  16  and 
17.  A  discussion  of  the  implications  of  particular  examples  applicable  to  this  investigation 
follows. 

Since  superposition  applies  arid  the  IF  has  been  designed  to  pass  the  desired  signal, 
only  the  transformation  of  the  pulsed  interfering  signal  need  be  covered  in  detail.  For  the 
purpose  of  this  analysis  it  is  assumed  that  the  effective  IF  filter  takes  into  account  the 
combined  effects  of  RF  and  IF  filtering  for  those  cases  in  which  the  mixer  is  acting  as  an 
ideal  mixer  (or  frequency  translator) 

In  general,  the  IF  amplifier  output  for  a  pulsed  input  signal  can  be  expressed  as  the 
sum  of  a  steady  state  term  plus  a  transient  term.  The  transient  term  represents  a  distortion 
term  and  includes  the  amplitude  and  phase  modulation  produced  in  the  IF  amplifier.  The 
transient  term  arises  because  the  system  response  is  unable  to  build  up  and  decay  as  fast  as 
the  input  signal. 

It  is  necessary  to  have  an  IF  filter  model  to  predict  these  transient  and  steady  state 
terms.  One  method  of  modeling  the  IF  filter  function  is  in  terms  of  cascaded  tuned 
amplifiers.  Both  single  tuned  and  double  tuned  amplifiers  are  used  in  communication 
receivers.  The  double  tuned,  transformer  coupled  amplifier  is  commonly  used  in  the  IF  of 
AM  receivers.  It  produces  a  more  constant  amplification  over  a  band  of  frequencies  and  the 
gain  falls  more  sharply  outside  this  band  of  frequencies  than  in  the  case  of  the  single  tuned 
stage.  The  double-tuned  amplifier  was  used  to  model  the  effective  IF  filter  for  this  study 
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values  of  Q  (reference  18),  is  given  by  P  '  W'th  equal  pr,marV  and  secondary 
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In  o  Ur  to  simulate  the  IF  selectivity  of  a  typical  AM  receiver,  a  representative  number  of 
IF  stages  must  be  chose"  From  a  preliminary  investigation,  it  was  found  that  three 
cascaded,  double  tuned  stages  represented  a  number  of  narrowband  AM  receivers.  This 
configuration  was  used  in  all  the  simulated  runs  and  reasonably  represents  both  of  the 
investigated  receivers  under  pulsed  interference  conditions  Although  the  second  receiver 
had  a  much  sharper  selectivity  curve  (both  selectivity  curves  are  discussed  in  Section  5),  it 
was  subsequently  found  that  this  resulted  in  only  a  fractional  dB  change.  This  small 
difference  is  because  the  interference  is  pulsed  The  difference  would  not  be  negligible  if 
off  tune  continuous  (CW)  interference  were  being  investigated. 

The  transfer  function  for  three  cascaded  amplifiers  is  given  by 


H,U 


1  2b]  Q\  ♦  1 2.S , Q ,  ] 3 


(4  3a) 


1  186;Q;»36^QV8A*Q**j6^0,  ,32^0-; -i|24^o; 
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where 


1  009  tcn 


=  1.26  x  10  4  f„ 


A  plot  of  this  transfer  function  for  B,  =8  kH?  is  shown  in  Figure  4  2. 

The  input  signal,  x(t),  to  the  IF  filter  will  consist  of  a  pulse  that  may  contain  both 
amplitude  and  frequency  modulation  If  the  IF  filter  has  the  impulse  response  h(t),  the 
output  signal,  g(t),  is  given  by  the  convolution  integral 


g(t)  = 


/  x(r)h(t-r)dr 


Since  convolution  in  the  time  domain  is  equivalent  to  multiplication  in  the  frequency 
domain,  it  will  be  more  convenient  to  use  the  frequency  domain  expressions.  If  the  input 
signal,  x(t).  has  a  Fourier  transform,  X(co),  and  the  transfer  function  of  the  IF  filter  is  H(cu), 
then  the  output  spectrum  is  given  by 

G(oj)  «  H(w)  X(«)  (4  5) 
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When  the  interference  is  modeled  as  a  periodic  rectangular  pulse  with  zero  rise  and  fall 
time,  the  spectrum  is  given  by 


X(w) 


Airr  V  sin  irrn/T  / 

T  /  irrnT 
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f- —  f  6(tu-u>,  )} 

T  T 
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where 


A 
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T 

Wi 

n  = 


The  amplitude  of  the  pulse 

The  pulse  width 

The  pulse  [>er iod 

The  carrier  frequency  in  radians 

I  n  teger  12  3 

Dirac  delta  function 


The  output  spectrum,  G(u.).  is  the  product  of  the  filter  transfer  function  and  the  pulse 
spectrum  The  general  shape  of  the  output  spectrum,  G(u.),  will  he  a  function  of  the  filter 
characteristic,  pulse  characteristics  and  off  tuning  The  inverse  Fourier  transform  of  G(cu) 
will  then  be  the  output  time  wa/eform  q(t)  The  time  waveform  for  a  symmetrical  spectrum 
will  contain  amplitude  modulation  hut  no  phase  modulation  and  is  given  in  Appendix  I  by 
Equation  (I  25)  as 

g(t)  =  2g^5< t)  cos  u,n  t  (4  7) 


where 


S  < t )  =  Lowpass  equivalent  of  g(t) 

The  time  waveform  for  an  unsymmetrical  spectrum  will  contain  both  amplitude  and  phase 
modulation  and  is  given  by  Equation  (I  53)  as 

g(t)  =  A(t)  cos  [w0t  ♦  (90+<Mt)]  (4-8) 
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A(t)  =  The  undesired  signal  amplitude  modulation  after 

IF  filtering 

9a  -  The  undesired  signal  earner  phase  angle 

<p,  (t)  =  The  undesired  signal  phase  modulation  after 

IF  filtering 

The  three  basic  cases  of  interest  are  pulses  whose  bandwidth  is  much  greater  than, 
approximately  equal  to,  or  much  narrower  than,  the  effective  bandwidth  of  the  IF  filter. 

When  the  pulse  bandwidth  is  much  greater  than  the  bandwidth  of  the  IF  filter, 
rB,f  «  1,  the  spectrum  of  the  pulse  within  the  IF  passband  for  the  on  tune  A1  *  0,  case  is 
approximately  flat  and  has  even  symrrretry  about  the  carrier  frequency,  The  Fourier 
transform  of  the  resulting  spectrum  will  approximate  the  impulse  response  of  the  network 
with  some  ringing  on  the  trailir>g  edge  The  output  time  waveform  will  lie  much  longer  than 
the  input  pulse  time  waveform  with  the  [>euk  amplitude  of  the  outpul  pulse  reduced 
approximately  by  the  ratio  of  the  pulse  bandwidth  to  the  filter  bandwidth  Since  the 
bandwidth  of  the  pulse  is  much  greater  than  the  IF  bandwidth,  the  shape  of  the  spectrum 
within  the  IF  passband  as  the  pulse  is  off  tuned  will  lx*  approximately  the  same  except  near 
the  nulls  of  the  input  spectrum  Therefore,  as  the  pulse  speclrum  is  off  tuned  the  IF  output 
time  waveform  will  remain  approximately  the  same  as  the  on  tune  case  with  the  inband 
power  determining  the  peak  level  of  the  output  pulse  In  the  vicinity  of  the  null  point  the 
spectrum  will  no  longer  be  flat  and  it  will  approach  odd  symmetry  when  centered  about  the 
null  point.  The  Fourier  transform  of  an  unsymmetncal  spectrum  will  produce  both 
amplitude  and  phase  modulation  as  shown  m  Equation  (4  8)  Typical  simulated  outpul  time 
waveforms  (the  time  waveform  simulation  process  is  discussed  later  in  this  section)  for  an  IF 
bandwidth  of  8  kHz  and  a  5  psec  pulse  for  At  0,  800  kHz  and  1.5  MHz  off  tune  are  shown 
in  Figures  4  3,  4  4  and  4  5  The  input  pulse  of  width  t  and  unity  amplitude  is  assumed  to  be 
symmetrical  about  time  t  =  0  This  is  true  for  all  pulses  discussed  in  this  section. 

When  the  pulse  bandwidth  is  approximately  equal  to  the  IF  bandwidth,  the  spectrum 
of  the  pulse  within  the  IF  passband  for  the  on  tune,  Af  =  0,  case  will  be  symmetrical  and 
even.  The  sidelobes  will  be  attenuated  by  the  filter  function  causing  a  more  rapid  fall-off  of 
the  pulse  spectrum.  The  Fourier  transform  of  the  resulting  spectrum  will  approximate  the 
impulse  response,  with  the  amount  of  energy  within  the  passband  again  determining  the 
peak  level  of  the  output  pulse.  As  the  pulse  is  off  tuned  the  pulse  speclrum  out  of  the  IF 
filter  will  be  unsymmetncal,  thereby  producing  both  amplitude  and  phase  modulation  as 
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Figure  4  4.  IF  Output  Time  Waveform 
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shown  in  Equation  (4  8)  The  Fourier  transform  of  the  output  pulse  spectrum  produces 
time  waveforms  that  appear  to  contain  a  separate  response  from  the  leading  and  trailing 
edge  of  the  pulse  As  the  off  tuning  is  increased  the  double  response  becomes  more 
pronounced  due  to  the  attenuation  of  the  steady  state  portion  of  the  pulse  by  the  filter 
characteristics.  Typical  output  time  waveform  for  an  IF  bandwidth  of  8  kHz  and  a  200>isec 
pulse  for  Af  =  0,  62  5  kHz  and  100  kHz  are  shown  m  Figures  4  6,  4  7  and  4  8. 

When  the  pulse  bandwidth  is  much  narrower  than  the  IF  filter  bandwidth  and  Af  <  one 
half  the  IF  bandwidth,  the  input  time  characteristics  are  produced  at  the  filter  output  along 
with  some  ringing  or  overshoot  on  the  leading  and  trailing  edges  As  the  pulse  is  off  tuned 
the  pulse  spectrum  out  of  the  filter  will  be  unsymmetncal,  thereby  producing  amplitude  and 
phase  modulation  similar  to  the  case  of  the  ?00  psec  pulse  mentioned  above.  The  steady 
state  of  the  pulse  will  again  be  attenuated  by  the  off  tuned  characteristics  of  the  filter  and 
therefore  the  shape  and  magnitude  of  the  output  pulses  will  be  determined  by  the  power 
and  shape  of  the  spectrum  within  the  (liter  passband 

A  plot  of  the  phase  angle  lor  Af  -  10  kHz  shows  the  phase  modulation  produced  by 
the  leading  and  trailing  edges  of  the  pulse  and  the  10  kHz  beat  tone  with  tespect  lo  the 
tuned  frequency  during  the  steady  state  portion  of  the  pulse  Thus,  during  the  steady  state 
portion,  the  interference  carrier,  u;  *  u.,  «  Ate  is  presen i  but  is  greatly  attenuated  Typical 
output  time  waveforms  for  an  IF  bandwidth  of  8  kHz  and  a  1  msec  pulse  for  Af  *  0,  10  kHz 
and  64  kHz  are  shown  m  Figures  4  9.  4  10a  and  4  11  A  plot  of  the  phase  angle  relative  to 
the  IF  center  frequency  f0  for  A<  -  10  kH/  is  also  shown  in  Figure  4  10b 

In  summary  the  transformation  of  pulsed  signals  through  a  linear  IF  filter  have  been 
discussed  Particular  examples  of  outputs  from  a  simulated  IF  were  given  These  outputs  can 
be  conveniently  summarized  m  terms  of  rfi  categories  as  shown  in  Figure  4  12.  IF  output 
waveforms  in  these  categories  have  been  discussed  in  some  detail  because  they  are  the  pulser 
that  interfere  with  the  desired  signal  In  particular  these  IF  output  pulses  compete  with  the 
desired  signal  in  the  detector  (the  next  processing  element)  with  the  result  that  the  larger 
signal  captures  the  receiver  output 

This  result  is  similar  to  the  capture  phenomenon  that  would  take  place  with 
continuous  interference  except  for  the  duty  cycle  of  the  pulse  signal  This  is  shown  in 
Figure  4-12,  in  which  a  capture  level  has  been  symbolically  drawn  (the  capture  level  actually 
consists  of  a  region)  to  represent  the  amplitude  of  the  desired  signal  The  region  of  the 
pulses  above  the  capture  level  (i.e. .  the  level  in  which  I  >  S)  varies  with  the  rBlf:  product 
and  the  off  tuning.  In  general,  the  shape  of  the  pulse  in  this  region  is  complex  and  difficult 
to  determine  by  a  simple  model  It  is  for  this  reason  that  these  details  will  not  be  solved 
deterministically  in  advance  Instead,  the  problem  will  be  generally  simulated  so  the  actual 
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sr 


time  waveform  out  of  the  IF  will  be  obtained,  and  the  details  will  be  left  to  the  simulated 
receiver  processing  elements 

DETECTOR  ANALYSIS 


The  detector  analysis  considers  how  the  transformed  pulse  interference ,  band  limited 
Gaussian  noise,  and  the  desired  signal  from  the  IF  filter  are  simultaneously  processed  by  the 
envelope  detector.  The  analysis  assumes  the  detector  is  a  linear  envelope  (re ro  memory) 
detector  which  is  sensitive  only  to  the  slow  amplitude  variations  of  the  input  signal 


The  disturbance  caused  by  the  pulsed  earner  will  be  a  function  of  the  relative 
magnitude,  frequency  tcparation  between  the  desired  and  undesired  signals,  pulse  width, 
pulse  shape,  and  pulse  repetition  frequency  of  the  particular  pulse  train,  as  well  as  the 
receiver  selectivity  and  detector  characteristics  Considering  only  amplitude  variation  in  the 
IF  output  time  waveform,  it  is  shown  m  Appendix  II.  Equation  (II  11),  that  the  detector 
output  can  be  generally  written  as 


Vd(t) 


where 


{  [M  1  •  Mt  cos(w}t  •  v  ) )  *4(1)  cos  eft)  j  ?  « 
|  A(t)  tm  o  (tl  i  ‘  |  5 
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ijeut  ♦  ♦  $'(t> 

ip,  (t)  iujf 

Amplitude  of  the  desired  signal  at  the  IF  output 

The  desired  modulation  index  after  IF  filtering 

The  frequency  of  the  desired  modulating  tone 
m  radians 


Acu  *  The  frequency  difference  between  the  carrier  of 

the  desired  and  undesired  signal  in  radians 

it  -  The  phase  shift  of  the  desired  information  after 

IF  filtering 
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M0  -  The  phase  difference  between  the  desired  and 

undesired  earners  after  IF  filtering  (phase 
angle  of  desired  earner  -  0: ) 


In  order  to  obtain  a  better  understanding  of  the  degradation  caused  by  the  pulsed 
interference,  the  equation  describing  the  detector  output  should  be  in  a  form  that  separates 
the  pulsed  interference  components  from  the  desired  signal  components.  This  can  be 
accomplished  by  considering  a  large  interfering  earner  to  noise  ratio  (so  that  noise  may  be 
neglected)  and  expanding  the  detector  output  equation  m  a  senes  for  A6  >  A,  and  A,  >  A,, 
Neglecting  the  higher  order  terms  of  the  series  it  is  shown  in  Appendix  II,  Equations  (II  19) 
and  (II  31),  that  the  detector  output  signal  is  of  the  form 


For  A,  >  A, 
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- 
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where 


A,  =  The  amplitude  of  the  interfering  signal  at 

IF  output 
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p(t)  =  The  ampl nude  modulation  of  the  pulsed 

interfering  signal  at  the  IF  filter  output 

Rs  "  A,*  A, 

R,  =  A  /A* 

For  the  case  in  which  A*  >  A  the  desired  output  signal  consists  ol  a  DC  term  plus  the 
modulated  voice  signal  Tfie  first  order  interfering  signal  component  at  the  detector  output 
is  a  pulse  spectrum  centered  about  the  beat  frequency  difference  hV|  tie! ween  the  desired 
and  undesired  signal  earners  Additional  interfering  signal  component*  consist  ol  a  pulse 
squared  spectrum  centered  about  zero  (DC)  and  higher  older  pulse  terms  When  the  treat 
frequency  difference  (Aw)  is  too  low  or  too  high  to  tie  m  the  audio  passband  thr  fust  order 
interference  component  is  attenuated  by  if*-  audio  liltri  Ttrerefore  when  the*  oil  tuning 
(Aw)  is  in  the  audio  pasibard  trie  putsrd  interference  causes  more  degradation  than  when 
the  interference  is  on- tun*  (Aw  -  O'  Tins  effec  t  is  more  pronounced  for  long  pulses  (pulse 
spectrum  bandwidth  much  narrower  than  the  audio  bandwidth)  The  most  important 
interfering  component  when  ;ti«-  frequent  >  s  greatei  th.»h  the  audio  passban.1  is  thi> 

pulse  sr juared  term  vd  at  root  z*-ru 

For  the  case  >  *  »ch  A  •  A.  thr  a  .yin  interfering  tei  m  is  a  pulsed  tnirn  centered 

about  zero  with  secondary  terms  cons  stmo  of  the  te  at  note  and  the  modulating  frequency 
plus  and  minus  the  trat  note  The  tV*s  md  mrxlulater)  signal  is  also  present  However,  the  DC 
term  proportional  to  tl*>-  drsued  carrier  eve  which  is  preterit  when  A.  A  is  missing  The 
unnormalized  signal  amplitude  s  gur  appro » imatel »  by 

ASRS  M  roslu.t  *  .  I  (4  11) 

2p(M 

In  the  absence  of  the  strong  interfering  ramer  this  Term  tint  omes  approximately 

A,M,  coslw^t*  .)  (4  1?) 

Therefore,  the  stronq  interfering  earner  has  reduced  the  desired  signal  approximately  by  a 
factor  of 


__ni 

2p(t) 


over  the  normal  signal  leve  This  corresponds  to  a  dB  value  of 

R. 

20  log 


2p(t) 


(4  13) 


(4  14) 
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which,  for  a  representative  value  of  R,/2p(t)  =  05  equals  a  26  dB  reduction  in  the  normal 
signal  level  and  essentially  eliminates  the  desired  signal  during  the  on  time  ol  the  pulse. 

BASE  BAM  0  FILTER  ANALYSIS 

The  transformation  ol  the  pulsed  detector  output  signal  by  the  baseband  (audio)  filter 
and  the  difference  m  this  effect  for  a  minimum  and  wide  IF  bandwidth  will  be  discussed 

The  baseband  (audio)  filler  is  assumed  to  consist  of  a  two  stage  high  and  low  pass  liltei 
which  represent  typical  audio  tillering  stages  The  high  pass  filtei  tianslei  function  is  given 
by 


14  161 

1  u)'  !?(:.■) 

where 

co  i  "  64  u.  ^ 

cuL  -  Low  frequcrn  ,  3  dB  cutoff 


The  low  puss  filter  trjntfrr  function  n  g-.-nn  t»y 


HL„(u,) 


1 


(4  16) 


where 


to-*  u-'m  64 

uiN  -  High  frequency  3  dB  cutnff 

These  transfer  functions  are  incorporated  in  the  receiver  simulation  model  that  will  be 
subsequently  summarized 

The  change  in  the  characteristics  and  level  of  pu'sed  interference  will  be  negligible 
between  the  input  and  output  of  these  filters  for  AM  systems  with  minimum  IF  bandwidths 
(i  e  ,  systems  m  which  the  IF  bandwidth  equals  twice  the  baseband  bandwidth)  There  may, 
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however,  be  a  significant  difference  between  the  optimum  IF  bandwidth  case  and  one  in 
which  the  IF  bandwidth  is  much  greater  than  the  minimum  IF  bandwidth. 

In  the  first  case  the  IF  bandwidth  is  approximately  twice  the  baseband  bandwidth  and 
consequently  the  baseband  only  allows  the  transfer  of  the  same  pulse  spectral  components 
as  the  IF.  The  time  waveform  characterictics  between  the  input  and  output  of  the  filter 
should,  therefore,  be  similar.  The  pulsed  IF  output  signals  were  previously  discussed  in  the 
IF  filter  section  with  the  overall  responses  summarized  in  Figure  4  12  These  on  tune  and 
off  tune  IF  output  pulses  essentially  pass  through  the  system  with  modifications  from  the 
addition  of  the  desired  signal  and  the  transformation  of  the  envelope  detector.  The  resulting 
pulses  at  the  output  of  the  baseband  filter  appear  similar  to  the  IF  output  pulses  except  for 
the  addition  of  overshoot  responses  primarily  due  to  the  envelope  detector  action.  Typical 
pulses  with  this  type  of  response  are  shown  m  Figure  4  13. 

When  the  bandwidth  of  the  IF  is  much  greater  than  twice  the  baseband  bandwidth,  the 
detector  output  pulses  may  contain  higher  frequencies  than  will  be  passed  by  the  baseband 
filter.  The  result  is  that  the  detector  output  pulses  will  resemble  input  pulses  of  bandwidth 
equal  to  or  less  than  the  IF  bandwidth.  The  audio  filter  then  removes  the  high  frequency 
components  of  the  pulses  and  again  limits  the  effective  IF  input  frequency  components  that 
pass  through  the  overall  system  to  twice  the  baseband  bandwidth. 

The  baseband  filter  output  pulse  shape  is  approximately  the  same  for  both  cases. 
However,  the  level  may  be  different  due  to  the  difference  in  IF  bandwidth.  In  particular,  for 
the  wide  IF  bandwidth  case  and  a  pulse  spectrum  equal  to  twice  the  baseband  bandwidth 
the  output  pulse  level  remains  constant  as  the  pulse  is  off  tuned  until  one  half  the  IF 
bandwidth  is  reached.  If  the  same  result  were  compared  with  the  minimum  IF  bandwidth 
case,  the  level  would  have  been  reduced  at  a  20  dB  per  decade  rate  from  one  half  the 
minimum  bandwidth. 

The  result  is  that  for  tB,f  >1  the  effective  interference  level  begins  to  decrease  (for  a 
constant  input  interference  level)  at  approximately  one  half  the  IF  bandwidth  for  both  the 
minimum  bandwidth  IF  (approximately  6  kHz))  and  a  wider  IF  bandwidth.  (This  is 
discussed  further  in  Section  6  under  Off  Tuning  Effects  ) 

AGC  -  AMPLIFIER  SATURATION  EFFECT 

This  discussion  concerns  the  effect  the  AGC  circuit  has  on  the  modeling  of  pulsed 
interference  in  an  AM  receiver.  In  general,  AGC  circuits  are  designed  to  maintain  a  constant 
output  level  over  a  large  range  of  input  signal  levels.  The  circuits  that  accomplish  this 
function  usually  act  upon  the  DC  level  of  the  detector  output  or  the  RMS  level  of  the  IF 
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output.  If  a  large  interfering  s  gnal  is  introduced  into  the  receiver,  the  AGC  may  respond  to 
the  interfering  signal  depend  ig  upon  the  interfering  signal  parameters  and  the  AGC  time 
constants.  The  amount  of  degradation  caused  by  a  particular  interfering  pulse  signal  depends 
on  the  effect  the  interfering  signal  has  on  the  DC  level  of  the  AGC  bias  line.  The  receiver 
simulation  model  does  not  include  the  effects  of  AGC  and  it  is  the  purpose  of  this 
discussion  to  outline  what  does  happen  with  pulsed  interference  and  the  limitations  of  the 
present  model  without  AGC. 

If  the  interfering  pulse  signal  does  not  affect  the  DC  level  of  the  AGC  bias  line,  the 
interfering  signal  can  saturate  a  particular  amplifier  stage  or  stages  of  the  receiver  causing  the 
interfering  signal  pulse  amplitude  to  be  clipped  When  the  interfering  signal  pulse  amplitude 

A  _ 

is  clipped,  the  (Jvl)  power  rati  at  the  IF  output  is  limited.  Therefore,  the  amount  of 
degradation  caused  by  the  interference  is  limited  Measured  data  plotted  in  Figures  4  14  and 
4  15  shows  what  happens  when  the  DC  level  of  the  AGC  bias  line  is  not  affected  by  the 
interfering  sigoal  Figur  4  14  shows  AGC  voltage  level  and  IF  output  power  ratios,  (§/i)l( 

A 

versus  RF  input  power  ratio,  (S  !)„  ,  for  an  interfering  signal  with  a  400  p sec  pulse  width 

A 

and  a  PRF  of  10  *  The  figure  indicates  that  the  receiver  becomes  saturated  at  (S/l)„  ,  equal 
to  18  dB.  The  (§/l)  f  level  decreases  by  only  2  dB  as  the  (S/I  )M  ,  (  level  is  decreased  from 
18  dB  to  63  dB.  The  curves  alsc  show  that  the  AGC  voltage  level  is  relatively  unaffected 

A  A 

untii  the  (S/I)  level  at  the  RF  input  reaches  63  dB.  As  the  (S  I),.,,  power  ratio  is 

A  A 

decreased  below  63  dB  the  AGC  voltage  level  changes  rapidly,  causing  the  (S'l),,  power 
ratio  to  decrease  rapidly.  Figure  4  15  shows  degradation  in  terms  of  Articulation  Index  (At) 
as  a  function  of  the  RF  input  power  ratio.  (S  l)„,  ,  for  the  same  interfering  signal.  The 
cun/e  shows  that  tor  (S.  I)„(  value*  between  18  dB  an  J  63  dB  the  degradation  levels 

A 

off,  indicating  that  the  receiver  is  saturated  For  (S/I ) m  r  ,  values  more  negative  lhan 
-63  dB,  the  AGC  voltage  level  was  affected  causing  the  degradation  to  increase  Since  the 
present  receiver  simulation  model  does  not  consider  receiver  saturation  effects,  the 
simulation  model  would  show  the  degradation  increasing  instead  of  leveling  off  as  the 
(S/I)RF|  ratio  is  decreased  between  18dB  and  63  dB.  Therefore,  the  present  receiver 
simulation  model  will  give  a  pessimists  Al  level  when  the  receiver  becomes  saturated. 

If  the  DC  level  of  the  AGC  bias  line  is  controlled  by  the  interfering  signal  level,  the 
receiver  gain  will  decrease  causing  the  desired  signal  level  to  decrease  as  the  interfering  signal 
level  increases.  This  causes  the  receiver  to  become  desensitized  to  the  desired  signal  and  also 
allows  more  negative  ( S/ 1 ) ,  F  power  levels.  Therefore,  the  receiver  degradation  is  greater  if 
the  interfering  signal  affects  the  AGC  Measured  data  are  plotted  in  Figures  4  16  and  4  17  to 

A  *  A  . 

*  (S/M  rnaans  (Wife  cte'ired  Sign*1  fo  pf»lt  m*«ffartng  %>gn» I  (S/M  maans  RMS  dPSirad  Signal  to  pAAk  rntprfaring  signal 
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Figure  4-15.  Articulation  Index  for  Pulsed  Interference  to  an  AM  Receiver 
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show  what  happens  when  the  DC  level  of  the  AGC  bias  line  is  affected  by  the  interfering 
signal  Figure  416  shows  the  AGC  voltage  level  and  IF  output  power  ratio,  (S^llf  ,  versus 

A 

RF  input  power  ratio,  (S/I)R  f  t,  for  an  interfering  signal  with  a  400psec  pulse  width  and  a 
PRF  of  750  The  figure  indicates  that  the  interfering  signal  affects  the  DC  level  of  the  AGC 
bias  line,  allowing  the  (SJ),f  level  to  become  more  negative  as  the  (S/l)Rf|  level  is 
decreased.  Therefore,  the  receiver  does  not  become  saturated.  If  the  interfering  signal  does 
not  cause  receiver  saturation,  the  present  receiver  simulation  model  will  give  an  accurate 
degradation  level  in  terms  of  Al  as  a  function  of  the  (S/I)R  f  |  level 

»  A 

Figure  4  17  shows  peak  interference  voltage  (V, )  and  peak  desired  voltage  (Vs)  at  the 
IF  output  versus  RF  input  power  ratio,  (S  l)Rf  (,  for  an  interfering  signal  with  a  ^OOpsec 
pulsewidth  and  a  PRF  of  750  pps  The  desired  signal  voltage  decreases  linearly  for 
approximately  20  dB  and  levels  off  as  the  (S/l)Rf  (  is  made  more  negative.  The  desired 
signal  voltage  levels  off  as  it  approaches  the  receiver  noise  level  The  figure  also  shows  the 
peajs  interfering  voltage  increasing  from  37  to  5  volts  (approximately  23  dB)  as  the 
(S/I)R  f  ,  level  is  made  more  negative 

Measurements  were  also  made  to  show  how  the  AGC  voltage  level  is  a  function  of  the 
pulse  width  and  PRF  of  the  interfering  signal  Figure  4  18  shows  AGC  voltage  level  versus 
PRF  for  pulse  widths  of  250  and  400  psec  The  IS/I)R  ,  (  level  was  held  constant  at  -  10  dB 
There  is  very  little  difference  in  the  AGC  voltage  level  for  the  two  pulse  widths.  Figure  4  19 
shows  AGC  voltage  level  versus  PRF  for  various  (S/l)Bf  ,  levels  The  pulse  width  is  held 
constant  at  400  psec.  At  low  PRF's  the  AGC  voltage  level  is  relatively  unaffected  as  the 

A 

(S/Op  F  |  level  is  made  more  negative  Therefore,  at  low  PRF's  the  receiver  will  become 
saturated.  At  high  PRF's  there  is  a  larger  change  in  the  AGC  voltage  level  as  the  (S/l)Rr 
level  is  made  more  negative.  Therefore,  for  this  condition,  the  receiver  will  not  become 
saturated. 

It  is  concluded  from  the  measured  data  that  the  effect  the  interfering  signal  has  on  the 
AGC  voltage  level  is  a  function  of  pulse  width,  PRF,  (S/I)B  r  ,  level  and  the  characteristics  of 
the  AGC  circuit.  These  conclusions  are  based  upon  the  measurements  made  on  receiver 
No.  1  which  has  SLOW,  MEDIUM  and  FAST  time  constant  settings  of  0  015,  0.3  and  5.0 
seconds,  respectively.  The  measurements  indicated  that  the  DC  level  of  the  AGC  bias  line 
was  the  same  for  both  the  SLOW  and  FAST  switch  settings  for  interfering  signals  with  a 
duty  cycle  greater  than  1.25  percent.  The  measured  degradation  data  showed  that  for  high 
PRF's  the  receiver  did  not  become  saturated.  The  average  saturation  levels  encountered  in 
this  test  are  discussed  in  Section  6. 
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Figure  4  18.  AGC  Level  as  a  Function  of  PRF 
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RECEIVER  SIMULATION  MODEL 

The  previously  mentioned  equations  for  the  effective  IF  filter,  detector  and  low  pass 
filter  were  combined  in  a  computer  program  to  simulate  the  processing  of  signals  through  an 
AM  receiver.  A  block  diagram  of  the  computer  simulation  is  shown  in  Figure  4  20.  This 
receiver  simulation  model  will  be  fully  documented  in  a  future  report.  The  following 
discussion  summarizes  the  model  and  indicates  the  basis  of  the  theoretical  investigate .  of 
pulsed  interference  effects  upon  AM  receivers. 

The  interfering  signal  or  signals  are  generated  in  either  the  time  or  frequency  domain. 
If  they  are  generated  in  the  time  domain,  the  Fast  Fourier  Transform  (FFT)  technique  is 
used  to  obtain  the  frequency  spectra.  Since  the  IF  filter  is  linear,  the  response  to  the  desired 
signal  plus  undesired  signal  is  the  sum  of  the  response  of  each  individual  signal.  Therefore, 
the  desired  and  interfering  signals  can  be  processed  separately.  The  interfering  signals  and 
noise  are  combined  before  the  IF  filter  (in  the  frequency  domain)  in  order  to  reduce  the 
complexity  of  the  computer  program.  The  resultant  signal  is  then  multiplied  by  the  IF  filter 
function  to  produce  an  output  spectrum,  VltN  (u;). 

The  inverse  Fast  Fourier  Transform  of  V|+N  (to)  is  then  performed.  The  resulting  time 
waveform  is  given  by  Equation  (I  53),  APPENDIX  I,  as: 

V,+N(t)  =  A(t)  cos  (w0t +0O  +<?,  (t)  1  (4  17) 


V,  *  N  (t)  may  contain  both  amplitude  and  phase  modulation. 

The  desired  signal,  being  amplitude  modulated  by  a  single  tone,  is  easily  converted 
analytically  to  either  the  time  or  frequency  domains.  The  desired  signal  is  then  processed  by 
the  IF  filter,  either  analytically  or  using  the  computer,  and  the  output  spectrum  is  obtained. 
The  inverse  Fourier  transform  of  Vs(co)  is  then  performed  and  the  resulting  output  time 
waveform  is  given  by  Equation  (ll-3d),  APPENDIX  II,  as 

Vs(t)  =  As  [1  +Mscos  (tL>st  +  ^)]  cos  u>0t 
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Figure  4-20.  Computer  Simulation  Model 
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The  desired  and  undesired  signals  are  then  combined  at  the  input  to  the  detector  to 
produce  a  composite  time  signal. 

V(t)  =  Vs(t)  +  Vl+N(t)  (4  19a) 

=  (As(1+Mscos(u>st+i^))  +  A(t>cos0(t)J  coscu0t 

-  A(t)  sin  0(t)  sin  cu0t  (4-  19b) 

This  combined  signal  is  then  processed  by  the  envelope  detector  to  produce  the  output 
time  signal  given  by  Equation  (11-11)  in  APPENDIX  II  as: 

Vd(t)  =  (lAs(HM$  cos  (cjst+  10))  +  A(t)  cos 0  (t)) 2  +  [  A(t)  sin  0(t>)  ^  (4-20) 

Again  using  the  Fast  Fourier  Transform  technique,  the  spectrum  of  the  detector  output, 
Vjjlt),  is  obtained  and  passed  through  the  audio  filter.  The  corresponding  output  spectrum 
is  then  used  in  several  ways:  (a)  to  obtain  the  output  signal  to  interference  power 
ratio,  (b)  as  the  input  to  a  program  designed  to  calculate  articulation  index,  (c)  or  Fast 
Fourier  Transformed  to  produce  a  composite  output  time  waveform  containing  the  desired 
and  interference  signals. 

The  time  waveform  is  useful  in  determining  the  shape  of  the  interference  at  the  audio 
output  and  can  be  used  as  a  comparison  between  the  simulated  and  measured  output  time 
waveforms. 

Plots  of  the  simulated  time  waveforms  are  shown  in  Figures  4-21a  and  4-22a.  The 
interfering  pulse  in  Figure  4  21a  is  a  250  ^sec  rectangular  pulse  with  a  pulse  repetition 
frequency  of  40  pps.  The  desired  carrier  was  modulated  by  a  1  kHz  tone  with  a  50% 
modulation  index.  The  IF  and  audio  bandwidth  were  specified  as  8  kHz  and  3  kHz 

A 

respectively  with  an  input  (S/I)  of  -15  dB.  The  interfering  pulse  in  Figure  4-22a  is  a 
400psec  rectangular  pulse  with  a  pulse  repetition  frequency  of  80  pps.  The  modulation  on 
the  desired  carrier  was  set  equal  to  zero  for  this  simulation.  The  IF  and  audio  bandwidths 
were  specified  as  8  kHz  and  3  kHz  respectively  with  an  input  (S/f)  of  -25  dB. 
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The  measured  output  time  waveform  for  the  same  set  of  conditions  using  a  typical  AM 
receiver  are  shown  in  Figures  4-21b  and  4-22b.  Since  the  desired  modulation  was  zero  in 
Figures  4-22a  and  4-22b,  only  the  relative  shape  of  the  output  time  waveforms  can  be 
compared.  The  magnitude  cannot  be  compared  directly  because  a  reference  level  was  not 
established  for  the  measured  results.  These  waveforms  illustrate  the  agreement  between 
measured  and  analytical  results. 

The  time  waveform  shows  that  although  the  peak  level  of  the  pulse  has  been 
attenuated  it  is  still  larger  than  the  desired  signal.  The  interfering  pulse  will,  therefore,  mask 
the  desired  signal  during  its  on  time  (this  was  also  concluded  in  the  Detector  Section). 

The  output  signal  to-interference  power  ratio,  (S/I  )0,  and  the  input  signal-to  inter¬ 
ference  power  ratio,  (S/T) R  F  define  the  power  transfer  function  between  the  receiver  input 
and  baseband  output.  This  enables  the  intelligibility  function,  as  specified  at  the  baseband 
output,  to  be  transferred  to  an  input  signal  to  interference  criterion.  This  is  further 
discussed  in  Section  6  and  is  symbolically  shown  in  Figure  6  40. 

In  order  to  calculate  Al  using  the  simulation  model,  a  single  tone  is  used  to  modulate 
the  desired  carrier.  The  level  of  the  desired  tone  at  the  audio  output  is  then  used  to 
reconstruct  the  long  term  average  speech  spectrum  as  shown  in  Figure  IV  2.  This  speech 
spectrum  then  determines  the  representative  speech  levels  in  the  14  bands.  Using  the  audio 
spectrum  thus  obtained,  and  a  program  developed  to  calculate  A  I,  the  A I  can  be  determined 
for  each  set  of  interference  conditions.  The  Al  can  then  be  referenced  to  the  RF  input 
through  the  power  transfer  curve. 

Selected  runs  from  the  computer  model  were  compared  with  the  measured  data.  The 
results  of  these  comparisons  are  depicted  in  Figures  4  23  through  4  36. 

Figures  4-23  through  4-29  and  4  30  through  4  33  show  the  AM  degradation  curves,  Al 
versus  (S/l)nF|,  for  non  chirped  and  chirped  rectangular  pulse  interference,  respectively. 
The  curves  compare  quite  favorably  for  both  the  chirped  and  non  chirped  pulses  with  an 
average  difference  less  than  3  dB  in  the  linear  region  of  the  curve. 
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Figure  4-21a.  Simulated  Audio  Output  Time  Waveform 


ESD-TR  70-207 


Section  4 


14 


12 


10 


o 

3 


X 

O  & 

4  * 

a 


> 

£ 

4 


Ui 

« 


-2 


~  H 

MEASURED 

PW  *  250  mc 

PRF  *  160  PM 

Af  -  0 

(S/I  )RFj  *  -15  48 
RECT  PULSE 

1 

JU 

>  — 

-INTERFERENCE 

1 

-DESIRED  SIGNAL 
MODULATION 

m 

iH 

_  _ 

-2,000  -  1,000 


1,000 


2,000  3000 

TIME  IN  yi  *«c 


4,000  5,000 


6,000 


Figure  4-2 1b.  Measured  Audio  Output  Time  Waveform 
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The  largest  discrepancies  occur  for  low  PRF's,  less  than  80  pps,  and  an  input  (S/I)  ratio 
in  the  receiver  passband  of  -15  dB  or  less.  As  previously  explained,  the  low  PRF’s  do  not 
affect  the  DC  level  of  the  AGC,  thus  causing  the  receiver  to  saturate.  The  computer  program 
is  unable  to  account  for  this  nonlinearity  and  therefore  discrepancies  can  be  expected  when 
this  phenomenon  occurs.  This  is  further  discussed  in  Section  6  under  AGC  effects. 

A  further  comparison  was  made  between  the  measured  and  computed  data  as  shown  in 
Figures  4-34  through  4  36  The  curves  are  plots  of  the  input  (S/I)  ratio  versus  off  tuning 
(Af)  for  constant  Al  values  of  .7  and  3.  The  computed  and  measured  data  again  compare 
quite  favorably. 

The  general  conclusion  that  can  be  drawn  from  the  above  comparison  is  that,  within 
the  linear  operating  region  of  the  receiver,  the  computer  model  calculates  the  performance 
of  an  AM  voice  system  subiected  to  pulsed  interference  from  the  on  tune  case  to  the  far 
adjacent  channel  case.  The  pulse  simu'ation  model  will  currently  generate  rectangular, 
trapezoidal,  and  chirped  pulses  for  a  wide  range  of  pulse  widths  and  pulse  repetition 
frequencies.  The  model  can  be  modified  to  handle  any  pulsed  interference  that  can  be 
expressed  mathematically  in  either  the  time  or  frequency  domain,  providing  the  storage 
capacity  of  the  computer  is  not  exceeded 

The  model  will  calculate  output  performance  measures  for  any  level  of  input 
interference  or  input  signal  to  peak  interference  ratios  However,  the  results  must  generally 
be  limited  to  approximately  +30  dBm  of  peak  interfering  power  or  signal  to  peak 
interference  ratios  of  approximately  -lOOdB.  For  ah  but  a  few  special  cosite  type 
problems,  this  is  not  a  limitation  as  the  complete  range  required  for  interference  analysis  has 
been  covered.  For  those  cases  in  which  a  higher  interference  level  is  desired,  tables  of  burn 
out  levels  should  be  considered  and  not  degradation  criteria. 
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SECTION  5 

DESCRIPTION  OF  MEASUREMENTS 

GENERAL 

A  number  of  closed  system  degradation  tests  were  made  in  order  to  acquire  the 
performance  degradation  data  necessary  for  the  AM  receiver  analysis  investigation. 

AM  degradation  measurements  for  chirped  and  non  chirped  rectangular  pulsed 
interference  of  various  pulse  widths  PRF's  and  off  toi  ng  (Af)  were  obtained.  Articulatiuri 
Index  (Al)  and  Articulation  Score  (AS)  were  used  as  the  primary  receiver  output 
degradation  measures  The  Al  was  obtained  using  the  Voice  Interference  Analysis  System 
(VIAS)  (APPENDIX  IV)  The  AS  was  obtained  by  subjecting  a  group  of  listeners  to  a 
preselected  group  of  words  corrupted  try  a  specific  type  of  interference.  The  resull  of  this 
test,  expressed  as  the  percentage  of  words  heard  coriectly,  is  referred  to  as  the  Articulation 
Score.  The  word  groups  used  in  the  tests  were  the  Harvard  phonetically  balanced  (PB)  words 
as  recommended  by  the  American  Standards  Association  for  Articulation  testing  (role 
ranee  19)  The  master  PB  word  tapes  used  as  modulation  sources  in  the  lests  were  prepared 
by  Bell  Aerosystems  Compjny  and  are  used  at  their  system  scoring  facility  in  Tucson, 
Arizona  (reference  20). 

The  minimum  interference  threshold  (i  c  ,  the  level  at  which  interference  is  first  heard), 
the  maximum  interference  threshold  (i.c  ,  the  level  al  which  the  desired  signal  could  no 
longer  be  detected),  and  various  Al  and  AS  levels  between  these  thresholds  were  obtained  as 
a  function  of  the  following 

A 

1  RF  input  signal  to  peak  interference  power  ratio,  (S/I)R  F 

2.  Audio  output  RMS  signal  to  RMS  noise  plus  distortion  plus  interference 
power  ratio,  [S/(N  +  D*I)I0 

3.  Audio  output  RMS  signal  to  noise  plus  distortion  plus  interference 
peak  to  peak  power  ratio,  (S/(N+D+I)p_p)  Q. 

A 

The  (S/Dpf,  values  were  calculated  from  the  RMS  power  level  of  the  desired  signal 
and  the  RMS  peak  power  level  of  the  interfering  pulse 
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In  addition  to  the  degradation  data,  MIL  STD  449  (  )  (reference  10)  type 
measurements  of  receiver  RF,  IF,  and  audio  selectivity,  and  dynamic  range  were  obtained 
Photographs  were  also  taken  showing  the  audio  interference  output  time  waveform  of  the 
victim  receiver. 

The  MIL  STD  449  (  )  (reference  10)  measurements  along  with  the  Al  scores  were 
reported  as  Phase  I  measurements.  The  AS  scoring  and  additional  data  were  reported  as 
Phase  II  measurements  due  to  the  additional  time  required  to  subjectively  obtain  the  AS 
scores. 

The  AM  degradation  tests  were  conducted  on  two  typical  narrowband  AM  voice 
receivers.  These  are  designated  RCVR  NO.  1  and  RCVR  NO.  2.  Measurements  were  also 
made  on  two  different  serial  numbers  of  Receiver  No.  1.  These  measurements  are  designated 
by  M  l  and  M-2.  Figures  5  1  and  5  2  show  the  block  diagrams  of  these  two  receivers.  The 
main  difference  between  the  two  test  receivers  is  the  IF  bandwidth.  The  No.  1  receiver  has 
an  IF  bandwidth  of  8  kHz  while  the  No.  2  receiver  has  an  85  kHz  bandwidth.  These 
bandwidths  are  typical  of  those  encountered  in  AM  receivers.  Both  receivers  have  an  audio 
limiter  and  an  audio  bandwidth  of  approximately  3  kHz.  The  measurements  on  the  No.  2 
receiver  were  made  with  the  limiter  on,  while  the  measurements  on  the  No  1  receiver  were 
made  with  the  limiter  off  A  plot  of  the  RF,  IF  and  audio  selectivity  for  the  No  1  receiver 
obtained  from  the  Phase  I  measurements  is  shown  in  Figures  5  3,  5  4  and  5-5,  respectively. 
A  plot  of  the  RF  and  IF  selectivity  for  the  No.  2  receiver  is  shown  in  Figures  5-6  and  5  7, 
respectively.  The  dynamic  range  curves  for  both  receivers  are  shown  in  Figure  5-8. 

These  measurements  were  obtained  in  order  to  model  the  functions  required  in  the 
simulatio  i  model  Sections  4  and  6  discuss  the  overall  effect  of  these  elements  on  receiver 
performance. 

AM  RECEIVER  TEST  PROCEDURE 

The  set  up  used  for  the  AM  receiver  test  link  degradation  measurements  is  shown  in 
Figure  5-9.  The  set  up  used  for  the  desired  AM  transmitter  test  link  is  shown  in  Figure  5  10. 
The  set-ups  used  for  the  undesired  transmitter  test  links  for  non-chirped  and  chirped 
rectangular  pulsed  interference  are  shown  respectively  in  Figures  5  1 1  and  5  12. 

Balanced  mixers  were  used  in  the  generation  of  the  pulsed  signals  to  ensure  the  residual 

A 

carrier  was  attenuated  by  60  dB  or  more.  This  wcs  necessary  since  (S/I)B  F  ,  levels  used  in 
the  tests  were  at  least  -60  dB  with  the  desired  signal  level  typically  being  held  constant  at 
-79  dBm.  If  the  carrier  is  not  adequately  suppressed,  the  system  will  be  interfered  with  by 
the  residual  carrier  level  rather  than  the  pulse  being  tested. 


5  2 


Functional  Block  Diagram  of  AM  Receiver  No.  1 


Functional  Block  Diagram  of  AM  Receiver  No. 


Figure  5  8  Dynamic  Range  of  Receivers  No  1  and  No 


nr  f 
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Figure  5-10.  Instrumentation  Diagram  AM  Desired  Signal  Test  Link  Transmitter 


Instrumentation  Diagram  AM  Interferer  with  a  Rectangular  Non-Chirped  Pulae 
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Tables  5-1  and  5-2  show  the  interference  measurement  conditions  for  which 
degradation  data  were  obtained  on  receiver*  No.  1  and  No.  2,  respectively.  The  following 
method  was  used  to  obtain  the  degradation  data: 

1.  The  desired  AM  test  link  transmitter  frequency  was  set  to  the  selected 
channel  frequency. 

2.  The  output  of  the  Hewlett  Packard  Model  606B  signal  generator  (the  test 
transmitter)  was  coupled  through  an  appropriate  attenuator  to  the  input  of 
the  receiver.  The  attenuator  was  adjusted  so  that  the  signal  level  at  the 
receiver  input  was  30  dB  greater  than  receiver  sensitivity.  (This  ensures  that 
the  output  signal  to-noise  ratio  is  high  and  consequently  the  noise  is  not 
greatly  affecting  the  pulsed  degradation  investigation.) 

3.  The  test  transmitter  was  modulated  with  the  standard  VIAS  test  signal  and  a 
clear  channel  upper  performance  limit  (UPL)  Al  was  obtained  and  recorded. 
(The  UPL  is  governed  by  the  input  signal  level  and  the  noise  characteristics 
of  the  receiver.  This  value  is  not  a  function  of  the  interference  since  this  has 
been  set  equal  to  zero.) 

4.  The  interference  was  set  up  in  the  measurement  configuration  shown  in 
Figure  5-11  (or  5  12)  and  the  interfering  generator  was  set  up  for  one  of  the 
test  conditions  in  Tables  5  1  and  5  2. 

5.  The  test  transmitter  carrier  was  then  modulated  with  phonetically  balanced 
(PB)  words.  The  modulation  index  was  set  to  50%. 

6.  Two  observers  listened  to  the  audio  output  of  the  receiver.  The  interference 
signal  power  output  was  increased  to  a  level  where  interference  was  just 
perceptible  to  either  of  the  observers.  This  was  defined  as  the  minimum 
interference  threshold.  The  (S/I)RF|  level  was  measured  and  recorded.  The 
interference  signal  level  was  then  increased  to  the  point  where  the  listener 
could  no  longer  detect  the  presence  of  the  desired  signal  modulation.  The 
interference  signal  was  then  reduced  in  increments  until  the  desired  signal 
modulation  was  just  perceptible  to  either  of  the  listeners.  This  was  the 
maximum  interference  thresnold.  The  (S/I)R  f  ,  level  was  again  measured  and 
recorded. 
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TABLE  5  1 

INTERFERENCE  MEASUREMENT  CONDITIONS 
FOR  AM  RADIO  RECEIVER  NO.  1 


Pultfl  Width 

(»») 

Pul*»  Ripennon 

Frequency  (p,  ») 

(inter  terance  earner  frequency  mlnu*  transmitter  frequency) 

|  D*tir«d  S‘9'»»l  L*v«i  30  dB  5*«»*tivitv 

1 

300  1,000 

0  k  Hz  4  5  MHz 

5 

300  1.000 

0  k  H  •  3  k  Hi  25  kHz,  100  k  Hr.  500  kHz.  1  MHi 

10 

300  1,000 

0  k  M/  1O0  kHz.  750  kHz 

100 

40  80  160  400 

0  *  H  z  3kHz  15kHz  25  k  Hz  38  5  k  Hz ,  100  k  Hz.  500  k  Hz 

100 

300 

0  k  Hz 

200 

4U.  80  400 

Ok  Hz  3  k  Hz  ?SkHz  100  r  Hi  600  kHz 

250 

10  40  80  160 

500  1  000  1  600 

0  kHz.  6  kHz  14  kHz  30  kHz  60kHz 

400 

10  40  80  400 

0  kHz.  3  kHz.  ?5  kHz  100  kHz  500  kHz,  1  MHz  10  MHz 

500 

40  60  80  160 

0  k  Hi  3  75  k  HI  30  k  Hi 

1  000 

10  40  80  400 

Ok  Hz  3  kHz  5  kHz  25  kHz  100  k  Hz.  500  k  Hz 

Mlgfi  S'Qna)  L*v*i  40  dBm 

100 

10  40  400 

0  k  Hz.  3  k  Hz.  100  k  Hz  1  MHz 

400 

10  40  400 

0kHz  3kHz  100kHz  1MHz 

1,000 

10  40  400 

0  kHz.  3  kHz.  100  fc  HZ  1  MHz 

D**ir*d  S'flf'al  30  dB  Sensitivity 

Rectangular  Pul**«  with  Frpqu«ncv  Modulation  (Chirp) 

100 

40  80  400 

OkMz.  3kHz,  100  k  Hz.  1  MHz  (Chirp  05  MHz ) 

200 

40  80  400 

0  k  Hz,  3  kHz,  100  k  Hz  1MHz  (Chirp  0.5  MHz) 

400 

10  40  80 

OkHz  3  k  Hz  100  kHz.  1  MHz  (Chirp  250  k  Hz ) 
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TABLE  5  2 

INTERFERENCE  MEASUREMENT  CONDITIONS 
FOR  AM  RADIO  RECEIVER  NO.  2 


Fulee  WUtth 

l»e) 

Putt*  Repetition 

Frequency  lpp«) 

At  ( miarf  aranca  carrier  traquancy  minut 

transmit  tar  traquancy ) 

Oepred  S<0>iel  Lo>« 

30  dB  >  Senutivity 

9 

300.  1.000 

0  kHi,  100  k  Hi.  790  kHi.  1  MHt  10  MHi,  20  MHi 

100 

40.  90.  400 

OhHi.  100  kHi  1  M Hi  10  MH*,  20  MHf 

100 

300 

Ok  Hi 

200 

40  80  400 

0  kHi.  100  kH*.  1  MHi  10  MH*,  70  MH* 

400 

10  40.  80  400 

OkHr.  3kH*.  IfikHi,  100  kH*.  1  MH*.  10  MH*.  20  MH* 

1.000 

10  40  80  400 

0  k  H#  3  k  Hi.  1  MH*.  10  MH*,  20  MH* 

High  D+*it**j  Sign*!  L*v*l  36  dBm 

100 

10  40  400 

0  kMl.  1  MHI  10  MHi,  20  MHI 

400 

10.  40  400 

0  kM*.  1  MH*.  10  MH*.  20  MH* 

1.000 

10  40  400 

0  k  H*.  1  MH*.  10  MH*.  70  MH* 

0*«*«d  S*gn*l  L*v«l  30  dB  San*«tivity 

Wactangul*r  Pul»a*  *r»th  Fraquancy  Modulation  (Chirp) 

100 

40.  80.  400 

0  kH*.  1  MM*.  10  MH*.  70  MH*  (Chirp  1  MH*) 

200 

40  80.  400 

0  k  H*.  1 00  k  H*.  10  MM*.  20  MM*  (Chirp  1  MH*) 

400 

10.  40  80 

OkH*  100  kH*.  10  MH*.  70  MH*  (Chirp  250  k  H*) 
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7.  Articulation  score  (AS)  recordings  at  the  minimum  and  maximum  interfer¬ 
ence  threshold  and  at  (S/l)Rf  ,  levels  between  the  thresholds  were  obtained 
for  later  scoring  at  the  System  Scoring  Facility. 

8.  The  transmitter  was  then  modulated  with  the  standard  VIAS  test  signal 
(950  Hz  tone).  At  the  S  and  f  levels  determined  for  the  minimum  and 
maximum  degradation  thresholds  and  the  region  between  the  two  thresholds 
the  (S/I)R  f  (  and  the  following  audio  data  were  recorded:  Al,  Sp  p,  SH  MS, 
(N*D*I)P  p  (S+N+D+l),,  p  and  (S+N-rD-H )„ M s . 

9.  Steps  5  through  8  were  repeated  for  all  test  conditions  in  Tables  5  1  and  5  2 
where  the  desired  signal  was  set  at  30  dB  >  sensitivity. 

10.  The  transmitter  was  modulated  with  phonetically  balanced  (PB)  words,  and 
the  attenuators  were  then  adjusted  (or  the  high  desired  signal  level.  This  was 
the  highest  signal  level  compatible  with  the  output  test  equipment  power 
capability  that  would  permit  a  (S  I ) M  f  (  of  at  least  60  dB. 

11.  The  transmitter  was  then  modulated  with  the  standard  VIAS  test  signal,  and 
a  clear  channel  UPL  Al  was  obta  ned. 

12.  Steps  5  through  8  were  repeated  for  all  measurement  conditions  listed  under 
"Hi<^i  Desired  Signal  Level”,  in  Tables  5  1  and  5  2 

13.  The  desired  signal  level  was  reset  to  30  dB  greater  than  receiver  sensitivity. 

14.  The  interference  source  measurement  configuration  was  set  up  as  shown  in 
Figure  5-12,  and  the  interfering  generator  was  set  to  provide  the  "Rectan 
gular  Pulses  with  Frequency  Modulation  (Chirp)”  as  shown  in  Tables  5  1  and 
5-2. 

15.  Steps  5  through  8  were  repeated  for  all  measurement  conditions  listed  under 
"Frequency  Mockjlation  (Chirp)"  pulses 

The  measured  data  are  documented  in  Appendix  III.  A  summary  listing  of  the  location 
in  Appendix  III  of  the  various  measured  data  iscontai.ied  in  Table  6  1. 

AUOIO  THRESHOLD  TEST 

This  is  a  description  of  an  audio  threshold  test  that  was  performed  in  addition  to  the 
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overall  receiver  minimum  threshold  test  previously  described.  This  test  was  run  using  the 
werage  responses  of  three  subjects  trained  to  respond  to  a  minimum  audio  interference 
threshold.  The  measurement  block  diagram  and  the  test  parameters  are  given  in  Figure  5-13 
and  Table  6-3,  respectively. 

The  following  method  was  used  to  obtain  the  minimum  audio  threshold: 

1.  Set  PB  word  group  to  normal  comfort  hearing  level  (600  mv>, 

2.  Set  bandwidth  limited  noise  to  the  S/N  levels  required  at  Headset  input. 

3.  Set  desired  PW  and  PRF  in  pulse  generator  increase  output  until  pulse  is 

noted,  back  off  until  threshold  is  obtained. 

4.  Record 

a.  Siyial  level  (voltage)  at  input  to  adder  and  Headset  input 

b  Interference  level  (voltage)  peak  to  peak  at  adder  input  and  Headset 
input 

c  S/N  levels  at  Headset  input 

d.  Photographs  of  all  pulses  at  adder  and  Headset  input  with  signal  and 
noise  turned  off 

The  results  of  this  test  are  described  in  Section  6  under  Threshold  Degradation  Effects. 


TABLE  5  3 

AUDIO  THRESHOLD  TEST  PARAMETERS 


PW 

200, 

400, 

800, 

1000 

M«er, 

PRF 

40, 

80, 

400, 

800 

pps 

S/N  LEVELS 

5, 

10, 

15, 

20, 

30, 

40 

dB 

5-19 


NOISE 

GENERATOR 


PULSE 

GENERATOR 
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SECTION  6 

MOOELING  OF  PULSED  INTERFERENCE  EFFECTS 


INTRODUCTION 

This  section  discusses  the  modeling  of  pulsed  interference  effects  or  trends.  These 
results  are  based  upon  a  combination  of  measured  and  simulated  data.  The  measured  data 
(Section  5  contains  a  description  of  the  measurement  procedure)  are  documented  in 
Appendix  III  as  the  data  base  for  this  and  possibly  other  AM  pulsed  interference 
investigations.  The  data  are  presented  in  Appendix  III  as  a  series  of  graphs  The  simulated 
data  are  discussed  m  Section  4. 

The  data  presented  in  Appendix  III  show  the  relationship  of: 

1  Articulation  Score  (AS)  versus  the  receiver  input  signal  to  peak  interference 
ratio  ( ( S/ 1 ) k  f  ,1 

2.  Articulation  Index  (Al)  versus  the  receiver  input  signal  to  peak  interference 
ratio 

3.  Degradation  Threshold  versus  receiver  input  signal  to  peak  interference  ratio 

4.  The  receiver  input  signal  to  peak  interference  versus  the  baseband  output 
signal  to  interference  (average)  and  signal  to  peak  to  peak  interference  ratio. 

Table  6-1  lists  a  summary  of  the  page  numbers  of  These  figures  according  to  their 

interference  parameters 

The  measured  and  computer  simulated  data  were  specifically  examined  for  trends 
relating  pulsed  interference  to: 

1.  Voice  Intelligibility 

2.  Degradation  with  Pulse  Rate 

3.  Degradation  with  Pulse  Width 

4.  Degradation  with  Chirped  and  Non  Chirped  Pulses 

5.  Degradation  with  Off  Tuning 

6.  Degradation  with  Output  Signal  to- Noise  Ratio 

7.  Baseband  Power  Ratios 
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TABLE  61 

BASIC  AM  PULSED  PERFORMANCE  DEGRADATION  DATA  SUMMARY 


Type  o>  0*44*: 

D«*Cf  tfXKK* 

RscaMw 

F  tpui  • 

Num 

Otu  hwnuiion 

Pm  (y*) 

tbt —  TrrrrrniTTr 

5  [dfcml 

Nun*t>«< 

NunitMM 

A*  vt  is/i)  Hf 

1 

300 

S3 

1 

III  1 

III  6 

A*  va.  is/l)  _r 

”  1 

« 

1000 

S3 

1 

ill  2 

111  7 

A.  vt.  (S/?l 

10 

300 

-  43 

1 

ill  3 

III  8 

A*  v*.  (S/t) 

10 

1000 

S3 

1 

ill  A 

III  9 

At  «t. 

100 

40 

S3 

1 

ill  t 

III  10 

A 

A*  va.  (S/l>_  _ 

100 

40 

SJ 

1 

II 1-6 

III  11 

a*  va.  ts/n 

too 

160 

S3 

1 

HI  7 

ill  12 

ICO 

TOO 

S3 

1 

III  8 

Ml  13 

• 

Aa  va.  IS/I) 

240 

1C 

43 

1 

ill  V 

Ml  14 

At  vt.  IS/Uwf 

2  so 

40 

S3 

1 

III  10 

Ml  15 

4 

Aa  va. 

7W 

40 

S3 

1 

Mill 

Ml  15 

4 

Aa  va.  <S/l)RF 

3M 

150 

S3 

1 

ill  1  2 

Ml  1  7 

At  vt.  (S/l)Br 

250 

500 

R3 

1 

1M13 

Ml  1« 

4 

At  vt.  (S/llnF 

>40 

1000  | 

S3 

1 

III  14 

III  ‘18 

4 

Aa  va.  <S/nRp 

;w 

1500 

R3 

i 

ill  15 

Mi  20 

4 

At  vt.  (S/I)wr 

500 

40 

83 

1 

III  1f> 

Ml  21 

• 

Aa  va.  <S/URF 

500 

50 

83 

1 

ill  17 

III  ?? 

4 

Aa  va.  (S/I>RF 

500 

RO 

83 

1 

Ml  18 

III  73 

4 

Aa  va.  IS/I) 

R  F 

500 

160 

83 

1 

III  19 

III  24 

Aa  va.  IS/I)RF 

1000 

40 

83 

1 

HI  20 

Ml  26 

At  vt.  is/n„F 

1000 

BO  1 

83 

1 

Ml  ?1 

Ml  ?6 

aj  vt.  is/nRF 

1000 

160 

83 

1 

Ml  22 

III  27 

4 

At  vt.  <S/I)RF 

10000 

40 

83 

1 

lit  23 

Ml  78 

At  vt. 

10000 

80 

83 

1 

Ml  24 

ill  79 

■ 

At  vt.  (S/I)RF 

5 

300 

72 

2 

Ml  25 

Ml  30 

At  vt.  IS'1)F,F 

5 

1000 

72 

2 

III  26 

III  31 

At  vt.  <9/nnF 

100 

«0 

72 

2 

ill  27 

Ml  37 
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TABLE  6-1  (Sheet  3  of  6) 


Tyy*  of  Imk 
Dm  ^aanuiKin 


At  vt.  (S/I) 

1 

Atvt.  (S/t)^ 

. 

Atvt.  (S/I) 

At  vt.  (S/l)_, 

.  ' 

A*  v*.  IS/I>_. 

.  ' 

A.  <1.  (S/U_, 


At  vt.  (S/I). 


At  vt.  (S/I). 


At  vt.  I  S/I). 


At  vt.  (3/11. 


At  vt.  IS/II. 


At  vt.  (S/'l. 


At  vt.  (S/ll. 


At  vt.  (S/I). 


At  vt.  IS/II. 


At  vt.  (S/I). 


At  vt.  (S/I). 


At  vt.  IS/II. 


At  vt.  IS/I). 


At  vt.  (S/I). 


At  vt.  (S/I), 


At  vt.  (S/I). 


At  vt.  IS/II. 


At  vt.  (S/I), 


At  vt.  IS/I). 


At  vt.  (S/ll. 


ten 


Olrp  (MHt)IS(«Sm> 


too 

40 

200 

•0 

200 

400 

400 

10 

400 

40 

400 

40 

400 

400 

10OO 

10 

10OC 

40 

1000 

40 

10OO 

400 

too 

10 

100 

40 

100 

400 

400 

10 

400 

40 

400 

400 

1000 

10 

1000 

40 

1000 

400 

100 

40 

100 

90 

100 

400 

200 

40 

200 

90 

200 

400 

400 

10 

400 

40 

400 

90 

Fifuie 

Number 

6tgt  Numbtf 

11194 

Mi-bl 

n ;  -by 

11192 

m -be 

11193 

m  be 

ill  94 

111-60 

111-66 

ltl‘61 

III  96 

1 1 1  62 

Ml  67 

1 1 1  6  3 

III  98 

III  -64 

M  1  99 

II i  -tit 

III  70 

II 1  66 

Ml  71  j 

IM-67 

Ml  77 

ill 

III  73 

in  bv 

III  74 

ill  70 

Ml  76 

III  71 

1 1 1  76  | 

III  77 

Ml  77 

III  7.1 

Ml  7 A 

III  74 

Ml  79 

m  76 

Ml  90 

hi  76 

III  61 

Ml  77 

Ml  97 

III  79 

Ml  83 

III  79 

III  94 

Ml-90 

III  86 

MI91 

III  86 

11192 

11197 

Ml  93 

MI98 

III  94 

>11-86 

1 


ESO-TR  70-207 

Section  6 

TABLE  6-1  (Short  4  of  6 ) 

Typaol  IWc 


Am  lt/l) 
At  ««.  (t/l) 

At  .1  It/I) 

* 

At  •«.  (t/l) 

* 

At  VK  (S/I) 

« 

At  »t.  (S/t) 

At  v*.  (S/I) 

* 

At  vt.  (S/I) 

A**%.  1S/D 
« 

At  vt.  (S/I) 

A 

At  v«.  (S/I) 

At  vt.  (S/I) 

• 

At*t.  (S/I) 

At  **.  (S/I) 

« 

At  *t.  (S/I) 

t 

At  vt.  (S/I) 

• 

At  *«.  (S/D 

At  v«.  (s/n 

• 

At  v*.  (S/I) 

t 

Atvr  (S/» ) 

• 

At  is/n 

t 

At  n.  (S/l). 


CAifp  (MH|)  I  $(t|m) 


>72 


Rtctivtf 

Number 


Fifure 

Number 


f«St  Number 


m+o 

11191 
III  92 
III  S3 
III  94 
1 1 1  96 
HI  96 
III  97 
IN  96 
III  99 
III  100 
III  101 
III  107 
III  103 
III  104 
III  106 
III  106 
III  107 
Ml  109 
III  109 
III  110 

III  111 

III  117 
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Type  of  Bmw 

fmtmaim 

Description 

Rkkw 

Figure 

0«u  ^rnmution 

Mf 

Number 

Number 

9af*  Number 

"MAJ. 

200 

40 

-79 

1 

III  113 

ill  118  i 

•• 

200 

SO 

-  79 

1 

III  114 

III  118 

200 

400 

-79 

1 

Ill  Ub 

III  120 

1000 

10 

-79 

1 

HI1 16 

III  121 

1000 

40 

-79 

1 

III  1 17 

III  122 

1000 

SO 

79 

1 

MI-1  18 

Ml  123 

1003 

400 

79 

1 

III  119 

III  124 

100 

40 

.6 

79 

1 

Ml  1 70 

III  126 

100 

B0 

.5 

78 

1 

III  171 

III  126 

•• 

100 

400 

5 

79 

1 

111-127 

III  127 

200 

40 

6 

78 

1 

III  123 

Ml  128 

200 

so 

5 

79 

1 

III  124 

Ml  129 

200 

400 

.5 

79 

1 

Ml  175 

1 II  1 30 

400 

10 

0  25 

79 

1 

II!  126 

Ml  131 

400 

40 

0.75 

79 

1 

III  127 

III  132 

400 

80 

0  25 

79 

1 

Ml  178 

Ml  133 

•• 

100 

10 

40 

1 

III  12B 

Ml  134 

... 

100 

40 

40 

1 

MI-1 30 

Ml  136 

100 

400 

40 

1 

III  131 

Ml  136 

•• 

400 

10 

-40 

1 

III  132 

III  137 

400 

40 

-40 

1  | 

Ml  133 

III  138 

400 

400 

40 

1 

IH-134 

Ml  139 

1000 

10 

-40 

1 

III  136 

Ml  140 

1000 

40 

-40 

1 

MI-136 

111-141 

•• 

1000 

400 

-40 

1 

Ml  137 

Ml  142 

«/»-.  v$  (S/I) 

“rj  0 

5 

300 

-79 

1 

III  138 

lit-143 

5 

1000 

-79 

1 

III  139 

MI-144 

-• 

100 

40 

-79 

1 

III  140 

III  14S 

•• 

100 

80 

-79 

1 

III  141 

III  146 
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8.  Minimum  Threshold  Degradation  Effects 

9.  Audio  Limiting 

10.  AGC  and  Amplifier  Saturation  Effects 

The  resulting  models  or  effects  are  useful  in  representing  the  dependence  of  AM  receiver 
performance  upon  various  pulse  parameters. 

VOICE  INTELLIGIBILITY 

The  following  is  a  discussion  of  how  the  intelligibility  of  a  voice  signal  at  the  receiver 
output  is  degraded  by  poised  interference  Voice  intelligibility  was  measured  by  subjecting  a 
group  of  listeners  to  a  preselected  group  of  words  corrupted  by  specific  types  of  pulsed 
interference  The  results  of  this  type  of  test  are  expressed  as  the  percentage  of  words  heard 
correctly  and  is  defined  as  the  Articulation  Score  (AS)  The  basic  data  obtained  for  this  test 
are  given  in  Appendix  III  (Figures  III  1  to  III  49) 

Figures  6  1,62  and  6  3  are  plots  of  the  average  articulation  score  as  a  function  of  the 
input  (S/I)  ratio  for  various  duty  cycles  (6)  The  on  tuned  data  (interference  and  desired 
signal  carrier  frequencies  equal)  were  averaged  since  this  does  not  require  an  additional  off 
tune  filter  power  correction  factor  The  pulse  widths  were  from  1  psec  to  10,000  psec.  The 
results  show  that  for  a  duty  cycle  v  8%  (radars  are  typically  less  than  1%)  the  pulsed 
interference  cannot  effectively  block  intelligibility  in  an  AM  receiver.  The  articulation  score 
remains  higher  than  90%  even  for  large  interference  levels  as  shown  by  Figure  C  1,  The 
rectangular  pulse  is  detected  as  a  loud  pop''  at  the  pulse  repetition  frequency  (PBF )  rate  or 
as  a  "burr"  at  the  audio  output  depending  on  the  PRF  and  pulse  level.  The  pulsed 
interference  is  on  for  only  a  fraction  of  time  compared  to  a  word  length  and  therefore  only 
a  small  portion  or  portions  of  the  word  is  interrupted  It  is  therefore  reasonable  to  expect 
the  intelligibility  to  be  high. 

When  the  duty  cycle  is  between  8%  and  25%,  the  pulsed  inteiference  causes  minimal 

A  A 

degradation  for  (S'l)  levels  above  -15  dB.  For  (S/I)  levels  below  -15dB  there  is  a  rapid 
decrease  in  system  performances  as  shown  in  Figure  6  2  For  this  case,  the  pulsed 
interference  is  on  for  longer  periods  of  time,  thereby  interrupting  larger  portions  of  the 
speech  waveform.  The  upward  spread  of  masking  (masking  of  frequencies  higher  than  the 
audio  interfe'ing  frequency,  see  Reference  21)  due  to  large  interference  levels  also  aids  in 
reducing  the  intefligibilitY  of  the  system. 

Figure  6-3  is  shown  for  a  duty  cycle  greater  than  25%  and  indicates  that  for  negative 
(S/I)  ratios  the  system  performance  falls  off  very  rapidly.  The  pulsed  interference  is  on  for  a 
long  enough  period  of  time  to  mask  complete  words  or  sentences.  This  causes  a 


Articulation  Score  for  a  Duty  Cycle  b  [b  >  25%) 
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corresponding y  large  change  m  articulation  score  w rfien  the  pulsed  interference  is  stronger 
then  the  desired  signal  A  review  of  the  literature  showed  that  a  similar  trend  was 
demonstrated  m  a  test  conducted  by  Milker  and  LicKlider  (reference  22).  In  that  test, 
undistorted  speech  was  turned  off  at  various  intervals  and  the  resulting  articulation  score 
was  obtained.  The  proportion  of  time  that  speech  is  on  is  called  the  speech  time  fraction. 
The  results  of  their  tests  are  shown  m  Figure  6  4  In  this  figure,  the  articulation  score  is 
plotted  as  a  function  of  the  frequency  of  interruption  with  the  speech  tune  fraction  as  the 
variable  parameter 

Since  undistorted  speech  was  turned  off  at  audio  the  results  do  not  include  the 
masking  effect  of  the  pulsed  interference  However  even  with  these  differences,  there  is 
considerable  similarity  betwevi  the  two  sets  ot  data  Both  sets  of  data  show  that  foi  low 
interference  duty  cycle  and  h»(ji  speech  time  fraction  the  degradation  to  speech  is  minimal 
and  increases  steadily  for  an  increase  in  interference  duty  cycle  or  a  decrease  in  the  speech 
time  fraction 

The  mtelligbility  (AS)  trends  of  the  data  discussed  in  this  section  were  obtained  for  a 
narrowband  AM  system  with  approa>mjtHy  a  3  kHz  audio  or  information  bandwidth. 
Commercial  and  hiqh  fidelity  system*  employ  bandwidth*  up  to  15  kHz.  It  is,  therefore, 
desirable  that  the  results  of  th<s  investigation  be  evtended  to  wideband  systems.  The  basic 
information  that  can  be  used  for  this  transformation  ■*  the  relationship  of  AS  scores  to 
bandwidth  and  audio  vgral  to  none  ratios  Figure  6  5  shows  this  relationship  which  was 
obtained  using  the  basic  AS  versus  s»<yi#i  tonour  ratio  curves  found  in  Reference  23  and  the 
bandwidth  correction  curves  found  in  Reference  ?4  Figure  6  5  shows  that,  for  an  AS  of 
80%  or  less  increasing  the  bandwidth  of  the  system  to  6  kHz  or  larger  decreases  the 
required  IS/N)Q  ratio  by  up  to  3  dB  For  higher  values  of  AS  the  decrease  in  required  (S/N)c 
ratio  is  even  greater  and  is  appro*  innately  1?  dB  for  an  AS  of  95V  If  instead  the  (S/N)  ratio 
is  held  constant  at  5  dB  and  the  bandwidth  is  increased  to  6  kHz  or  larger  there  is  a  10% 
increase  in  AS  and  for  a  (S  N)  ratio  of  25  dB  there  is  an  increase  in  AS  of  only  about  6%.  In 
general,  increasing  the  audio  bandwidth  will  increase  the  system  performance  for  the  same 
(S/N)  ratio.  This  increase  will  be  greater  for  lower  values  of  AS  and  will  decrease  as  the  AS 
value  approaches  100%  Although  bandwidth  correction  curves  are  not  available  specifically 
for  pulsed  interference  the  corrections  in  Figure  6  5  can  be  applied  to  the  pulsed 
interference  curves,  as  a  worst  case  ( ocxse)  transformation, 

The  high  fidelity  systems  that  cannot  tolerate  the  presence  of  pulsed  interference  at 
the  audio  output  regardless  of  the  articulation  score  should  not  use  the  AS  data  discussed 
here.  The  data  on  pulsed  interference  threshold,  reported  later  in  this  section,  should  be 
used  in  those  cases  where  the  very  presence  of  pulsed  interference  at  the  audio  output 
cannot  be  accepted. 
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Thu  section  has  discussed  voice  intelligibility  in  terms  ot  AS  scores  The  articulation 
index  (Al)  M  also  used  in  this  investigation  to  measure  the  relative  performance 
degradation  of  voice  systems  (Al  is  discussed  m  Appendix  I VI  The  relationship  between  AS 
and  Al  is  therefore  desired  and  >s  shown  m  Figure  6  6  for  the  average  of  the  pulse  width  and 
pulse  rates  considered  tn  this  investigation  This  figure  shows  that  the  Al  score  does  not 
correspond  directly  to  muHi^bility  m  terms  of  AS  (a  45'  line  would  indicate  an  ideal 
correspondence).  This  at  so  indicates  that  the  Al  values  used  to  indicate  performance  levels 
must  generally  be  interpreted  according  to  Figure  66  Al  scores  of  7  and  .3  have  generally 
been  used  in  the  literature  to  specify  the  point  at  which  intelligibility  is  starting  to  decrease 
and  the  point  at  which  »o*c*  communication  is  unacceptable  These  criteria  are  used  because 
they  are  good  indicators  for  nose  interference  and  because  they  are  reasonably  good 
indicators  for  continuous  modulated  interference  Table  6  2  compares  me  3  and  7  Al 
values  for  noise,  continuous  modulated  inierterenoe  and  pulsed  interference  The  values  for 
the  non  pulsed  interference  were  obtained  from  Reference  25  This  table  shows  that  the  7 
and  3  Al  values  cannot  be  specifically  related  to  the  same  level  of  intelligibility  in  terms  of 
AS  unless  the  type  of  interference  is  specified  The  table  does,  however,  show  that  me 
difference  in  AS  for  the  7  Al  criterion  and  different  types  ot  undestred  signals  is  small 
02%)  This  criterion,  therefore  results  in  •  reasonable  constant  standard  in  terms  of  AS 
intelligibility  scores  The  3  Al  criterion  however,  can  result  in  AS  score*  that  vary  between 
11  and  97%  Therefore  the  type  of  interference  need*  to  be  specified  in  order  to  reasonably 
determine  a  lower  acceptability  threshold 

Since  the  AS  score  is  97\  for  pulsed  interference  and  a  3  Al  criteria,  il  appears  that 
another  Al  criteria  could  be  used  for  the  lower  acceptability  threshold  In  particular,  an  Al 
criteria  of  1  still  results  in  an  AS  score  of  86\  and  appears  to  be  a  reasonable  choice  for  a 
lower  threshold  However  it  was  observed  in  the  course  of  this  investigation  that,  although 
the  AS  score  for  a  1  Al  criteria  n  acceptable  m  terms  cf  intelligibility.  The  interference  was 
extremely  annoying  or  fatnynng  Therefore,  an  A I  criteria  lower  than  3  should  not  be  used 
unless  the  fatigue  or  annoyance  factor  is  not  considered  to  be  important 

In  general  it  was  concluded  that  for  pulsed  interference  only  the  7  Al  threshold  level 
should  be  used  as  a  general  indicator  of  an  acceptability  threshold  This  level  denotes  the 
pornt  at  which  intelligibility  ■$  starting  to  decrease  Al  scores  lower  man  this  value  still 
denote  high  mtebigibility  levels  and  do  not  conveniently  define  the  lower  acceptability 

threshold 

DEGRADATION  INI TH  PULSE  RATE 

The  following  is  a  discussion  of  how  degradation  is  related  to  the  pulse  repetition 
frequency  (PRF)  of  the  interfering  signal  and  how  this  trend  can  be  conveniently  modeled. 
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Figure  6-6.  Articulation  Score  Versus  Art>cu!at'on  Index  for  an  AM  Receiver 


ESO  TR  70-207 


Section  6 


A 

Figure  6-7  shows  the  input  (S/I)  ratio  for  a  constant  degradation  criteria  as  a  function  of  the 
PRF  for  non  chirped,  rectangular  pulse  interference.  These  curves  were  plotted  using 
on-tune  data  for  pulse  widths  of  5,  100,  200  and  1,000  nsec.  An  Al  score  of  .8  was  used  as 
the  degradation  criterion  and  represents  a  median  level  of  voice  intelligibility.  The  on-tune 
data  was  analyzed  since  it  does  not  require  an  additional  off  tune  filter  power  correction 
factor.  The  receiver  simulation  process  described  in  Section  4  was  used  to  obtain  the  data 
since  the  measurements  did  not  cover  a  sufficiently  wide  range  of  pulse  parameters. 

Figure  6-7  indicates  that  for  PRF's  between  10  and  400  pps  the  required  input 
signal  to  peak  interference  is  increasing  at  the  rate  of 


(S/t),  =  10  log  (-j^)  *  (6  1) 

where 

(S/I),  2  =  the  (S/I )  in  dB  at  PRF  1  and  2 

PRF,  =  the  lower  value  of  PRF 

PRF2  =  the  higher  value  of  PRF 

The  range  in  which  this  equation  is  valid  covers  the  PRF  range  encountered  in  most  radars 
from  the  newer  low  PRF,  chirped  radars  to  the  higher  PRF,  conventional  search  radars 

A 

The  increase  in  the  (S/I)  ratio  is  directly  proportional  to  the  increase  in  the  average 
interference  power.  A  doubling  of  the  PRF  will  decrease  the  number  of  line  spectra  by  one 
half  and  increase  their  respective  (voltage)  amplitudes  by  a  factor  of  two  thereby  causing  the 
average  power  to  double.  This  increase  in  average  interference  power  necessitates  an  equal 
increase  in  the  desired  signal  power  in  order  to  maintain  a  constant  level  of  Al.  The  increase 
is  linear  up  to  a  PRF  of  400  pps  and  could  be  extended  to  a  PRF  of  1,000  pps  with  less  than 
2  dB  error.  The  reason  for  this  can  be  readily  explained  with  the  aid  of  Figure  IV  2  which 
shows  the  cut  off  frequencies  for  the  14  frequency  bands  used  in  calculating  Al.  For  low 
PRF's  the  pulsed  interference  line  spectra  are  present  in  all  14  of  the  frequency  bands  used 
to  calculate  Al.  As  the  PRF  increases  fewer  line  components  of  the  pulse  spectra  are 
contained  in  the  frequency  bands.  For  PRF's  above  400  pps  a  number  of  frequency  bands 
do  not  contain  any  line  spectra  This  results  in  a  decrease  in  the  effective  interference  power 
and  a  corresponding  decrease  in  the  (S/I)  ratio  necessary  to  maintain  a  constant  level  of  Al. 
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Figure  6-7  also  indicates  that  all  pulse  widths  greater  than  200  Msec  create 
approximately  the  same  performance  degradation  Pulse  width  parameter  variations  are 
discussed  later  in  this  section 

* 

Figure  6  8  shows  how  the  Al  score  varies  as  a  function  of  the  PRF.  PW  and  input  (S/I). 
__  * 

The  curves  show  that  for  a  given  (S/I)  ratio,  there  is  a  linear  decrease  in  the  value  of  Al  up 
to  approximately  400  pps  and  then  a  linear  increase  in  Al  as  the  PRF  is  increased  above 
400  pps  This  is  as  expected  since  Figure  6  7  shows  that  the  effective  level  of  interference 
increases  with  an  increase  in  PRF  up  to  approximately  400  pps  and  then  decreases  as  the 
PRF  increases  above  400  pps  The  curves  also  show  that  for  the  higher  (S/I)  levels  (>  10  dB) 
the  maximum  interference  occurs  at  approximately  400  pps  and  at  lower  (S/I)  levels 
«  0  dB)  the  maximum  interference  occurs  at  aporoximalely  300  pps  This  effect  appears  to 
be  ..aused  by  the  upward  spread  of  masking  as  the  intensity  of  the  interference  is  increased. 

The  AS  data  as  a  function  of  PRF  for  receiver  number  two  is  shown  in  Figures  6  9  and 
610.  Figures  6  9  and  6  10  indicate  that  the  voice  intelligibility  in  terms  of  AS,  which  is 
related  to  the  Al  score  as  previously  discussed,  is  also  degraded  proportional  to  the  PRF 
This  is  due  to  the  approximate  uniform  masking  of  the  voice  by  the  PRF  lines  across  the 
baseband  spectrum  The  AS  data  was  limited  to  extremely  high  AS  scores  (approximately 
99%)  and  therefore  was  .  *  ♦♦•cult  to  use  in  accurately  indicating  this  trend  The  first  figure 
shows  AS  as  a  functior  o'  PRF  for  individual  PW  s  and  the  second  for  an  average  of  all  the 
PW's.  The  data  generally  indicated  a  decrease  in  AS  as  the  PRF  increases  The  change  was 
however,  small  enough  (5%)  that  the  effect  of  PW  on  AS  can  be  neglected  for  most  practical 
voice  problems. 

A 

In  summary,  for  fixed  Al  scores  the  input  (S/I)  ratio  is  proportional  to  the  log  of  the 
PRF  from  10  to  400  pps  and  is  approximately  proportional  up  to  1,000  pps  The  Al  and  the 
AS  voice  degradation  measures  also  are  proportional  to  the  log  of  the  PRF  although  the 
variation  in  AS  is  negligible  f most  problems 

DEGRADATION  WITH  PULSE  WIDTH 

The  following  is  a  discussion  of  how  degradation  is  related  to  the  interference  pulse 
width  (PW)  and  how  this  trend  can  be  divided  into  different  modeling  categories. 

Figures  6- 11  and  613  show  how  AM  degradation,  caused  by  non-chirped  rectangular 
pulse  interference,  is  a  function  of  the  pulse  width  of  the  interfering  signal.  The  data  used  in 
these  figures  was  obtained  from  the  receiver  simulation  process  described  in  Section  4. 
Figure  611  is  a  plot  of  input  (S/T)  versus  PW  for  a  constant  PFR,  Af  and  Al.  This  shows  an 
increase  in  the  required  input  (S/I)  as  the  PW  is  increased.  This  trend  is  due  to  IF  and 
baseband  filter  effects  and  is  discussed  in  Section  4. 
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Figure  6-8.  Articulation  Index  as  a  Function  of  PRF 
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When  the  input  pulse  has  a  spectrum  wider  than  the  IF  bandwidth,  a  portion  of  this 
energy  is  lost  at  the  IF  output.  This  effect  is  shown  in  Figure  6  12  for  an  IF  bandwidth  of 
8  kHz.  The  difference  between  the  input  and  output  energy  is  plotted  as  a  function  of 
off-tuning  for  various  pulse  widths.  This  figure  shows  that  for  on  tune  PW’s  narrower  than 
about  100  Msec  (the  inverse  of  the  IF  bandwidth)  the  power  loss  is  approximately, 

■  10  log  (B,  f  r)  (6  2) 


The  mput  pulse  width 
The  IF  bandwidth 

This  figure  also  shows  the  characteristic  spectrum  envelope  fall  off  of  20  dB  per  decade  The 
5  M*ec  pulse  also  shows  this  spectrum  fall  off  for  the  upper  or  lower  envelope  although  in 
general  the  response  follows  the  peaks  and  nulls.  This  means  the  results  from  the  narrow 
pulse  case  must  be  carefully  specified  to  insure  that  off  tuning  values  are  not  on  peaks  and 
nulls  of  the  spectrum  or  inconsistent  off  tuning  patterns  will  result. 

The  amount  of  power  or  energy  passed  through  the  various  filtering  sections  is 
primarily  a  function  of  the  IF  and  audio  bandwidths  Since  the  case  being  considered  has  an 
IF  bandwidth  approximately  twice  th«*  audio  bandwidth  (the  IFBW  =  8kHz;  the 
audio  BW  =  3  kHz)  only  slight  additional  filtering  should  be  obtained  from  the  audio  filter 
(see  Section  4).  For  the  on  tune  case  in  which  the  IF  bandwidth  is  much  greater  than  twice 
the  audio  bandwidth,  most  of  the  filtering  is  introduced  by  the  audio  bandwidth  for  puise 
bandwidths  equal  to  or  less  than  the  IF  bandwidth.  For  the  present  problem,  pulse  widths 
greater  than  100  Msec  do  not  completely  pass  the  audio  filter.  Figure  6  13  shows  that,  in 
terms  of  Al,  the  score  gradually  decreases  until  about  a  300  Msec  pulse  width  is  reached. 

S 

In  summary,  the  input  (S/I)  ratio  required  for  a  constant  Al  value  increases  linearly 
with  the  log  of  the  PW  up  to  the  inverse  of  twice  the  baseband  bandwidth.  Pulses  wider  than 
this  pass  through  the  system  and  act  similarly  in  their  degradation  effect.  This  is  illustrated 
in  Figure  6  13,  which  shows  degradation  in  terms  of  A I  as  a  function  of  PW.  These  curves  go 
asymptotically  to  Al  values  of  .36  and  .20  independent  of  the  larger  pulse  widths. 


where 

r 

B,  F 
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DEGRADATION  WITH  CHIRPED  AND  NON-CHIRPED  PULSES 

The  following  is  a  discussion  of  how  degradation  is  related  to  the  chirp  rate  of  the 
rectangular  pulse  and  how  this  trend  can  be  conveniently  modeled.  Curves  of  input  (S/T) 
versus  Af  for  constant  values  of  Al  and  different  chirp  rates  are  shown  in  Figures  6-14 
through  6-17.  Figures  6-14  and  6-15  were  plotted  for  pulse  widths  of  100  anJ  100  Msec  and 
a  chirp  rate  of  0.5  MHz.  Figures  6-16  and  6-17  were  plotted  for  pulse  widths  of  200  and 
400 psec  and  a  chirp  rate  of  250  kHz.  The  PRF  was  400  pps  for  the  100  and  200  nsec  pulses 
and  40  pps  for  the  400  Msec  pulse.  The  data  used  in  these  figures  was  obtained  from  the 
receiver  simulation  process  described  in  Section  4  since  the  measurements  did  not  cover  a 
sufficiently  wide  range  of  pulse  parameters.  The  limited  measured  data  compares  favorably 
with  the  simulated  data  and  therefore  nr  appreciable  errors  are  expected  from  introduction 
of  the  simulated  data.  The  curves  of  Figures  6-14  through  6-17  show  that  for  a  given  value 
of  Al  the  input  (S/I)  ratio  is  constant  out  to  a  given  frequency  Af, .  There  is  a  sharp  fall  off 
between  Af,  and  a  second  frequency  Af2.  The  fall-off  above  Af2  is  at  a  rate  of 
approximately  20dB/decade. 

At  this  point  it  is  interesting  to  compare  the  off-tuned  degradation  trend  with  the 
chirped  spectrum.  A  typical  rectangular,  chirped  pulse  spectrum  was  constructed  using  the 
procedures  outlined  in  References  26  and  27  and  is  shown  in  Figure  6-18.  The  shape  of  the 
spectrum  appears  to  follow  very  closely  the  shape  of  the  degradation  curves.  It  is  shown  in 
these  references  that  the  critical  frequencies,  Af,  and  Af2,  are  a  function  of  the  chirp  rate 
and  pulse  width.  The  initial  critical  frequency,  Af , ,  is  approximately 


where 

Bt  =  the  total  frequency  deviation 

rb  =  the  transmitted  pulse  width 

The  second  critical  frequency  (where  the  20  db/decade  fall-off  begins)  is  approximately 
equal  to  the  total  frequency  deviation  and  is  given  by: 

Af,  =  Bt  (6-4) 

The  critical  frequencies,  Af ,  and  Af2 ,  and  fall-off's  for  the  degradation  curves  correspond  to 
the  critical  frequencies  and  fall-off’s  for  the  chirped  pulse  spectrum.  These  critical 
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frequencies  and  fall-off's  indicate  the  degradation  caused  by  chirped  pulses  is  proportional 
to  the  interference  power  within  the  receiver  passband  since  the  contour  curves  fall  off  at 
the  same  rate  as  the  pulse  spectrum. 

A  convenient  method  for  modeling  the  effects  of  chirped  pulses  would  be  to  determine 
the  amount  of  inband  pulse  power  for  a  given  chirped  pulse  and  then  relate  this  to  an 
equivalent  amount  of  power  for  the  same  pulse  without  chirp.  To  accomplish  this,  the 
equivalent  curves  for  Figures  6-14  through  6-17  for  non-chirped  pulses  were  obtained  and 
are  shown  in  Figures  6-19  through  6-21.  In  order  to  determine  the  inband  pulse  power,  the 
power  loss  in  the  IF  filter  was  determined  using  the  computer  simulation  model  for  both  the 
chirped  and  non-chirped  pulses.  The  non-chirped  power  loss  transfer  function  was 
previously  given  in  Figure  6-12.  The  250  and  500  kHz  chirp  power  loss  transfer  functions 
are  given  in  Figures  6-22  and  6-23,  respectively. 

Using  the  curves  of  Figures  6-14  through  6  23,  the  inband  power  was  obtained  for  the 
on-tune  chirped  and  non-chirped  pulses.  The  data  is  tabulated  in  Table  6-3  and  shows  there 
is  an  average  of  3  dB  more  inband  interference  power  for  non-chirped  pulses  than  for 
chirped  pulses  for  a  given  Al  performance  level.  This  also  shows  that  the  chirped  pulse 
requires  an  average  of  3  dB  inband  higher  signal-to-interference  power  ratio  than  the 
non-chirped  pulse  for  the  same  system  performance.  • 


In  order  to  calculate  the  equivalent  inband  power  for  various  off  tuned  values,  it  is 
necessary  to  normalize  the  off-tune  values  for  chirped  and  non-chirped  pulses  so  they  are 
equivalent.  The  breakpoint  frequency  for  rectangular  non-chirped  pulses  that  have  a  tBif 
product  less  than  0.64  is  approximately  1/rrr  (reference  28).  When  the  tB)F  product  is  equal 
to  or  greater  than  0.64  the  breakpoint  frequency  is  approximately  one  half  the  IF 
bandwidth.  The  equivalent  breakpoint  frequency  for  the  chirped  pulse  is  equal  to  the 
maximum  chirp  frequency.  It  is,  therefore,  necessary  to  normalize  the  chirped  off-tune 
frequency,  for  Af  values  greater  than  the  maximum  chirp  frequency,  by  the  ratio  of  the 
non-chirped  breakpoint  frequency  to  the  maximum  chirp  frequency.  That  is, 

a*  _  fmAfc 


where 


off-tuning  for  non-chirped  pulse 
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Fiipjre  6-20.  Input  Signal  to  Peak  Interference  as  a  Function  of  Af 


Figure  6  21.  Input  Signal  to  Peak  Interference  as  a  Function  of  Af 


igure  6  22.  IF  Filter  Power  Loss  Transfer  Function 
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Figure  6  23.  IF  Filter  Power  Loss  Transfer  Function 
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Afc  *  off-tuning  for  chirped  pulse 

0,  =  the  total  frequency  deviation 

For  a  0.5  MHz  chirp  rate  the  equivalent  Af  for  a  non-chirped  pulse  is  given  by 
AfNC  a  2  x  1C6  fm  Afc  and  for  a  250  kHz  chirp  rate  the  equivalent  Af  for  a  non-chirped 
pulse  is  given  by  AfNC=4x10'4  fm  Afc.  Using  these  results  and  the  curves  of 
Figures  6-13  through  6-22,  the  inband  power  was  calculated  for  chirped  and  non-chirped 
pulses  for  various  off  tune  values.  The  data  is  tabulated  in  Table  6-2  and  again  shows  that 
more  inband  interference  power  is  required  for  the  non  chirped  pulse  than  for  the  chirped 
pulse  to  produce  a  given  Al  performance  level  for  equivalent  values  of  off  tuning.  The 
average  off  tune  increase  in  interference  power  required  for  the  non-chirped  pulse  is  1  dB. 

In  summary,  the  chirped  pulse  requires  approximately  2  dB  less  inband  interference 
power  to  produce  the  same  system  degradation  effect  as  the  non-chirped  pulse.  The  inband 
(S/I)  ratio  for  a  non  chirped  pulse  would  then  be  2  dB  less  than  the  inband  (S/T )  ratio  for  an 
equivalent  chirped  pulse.  This  relationship  provides  a  simplified  method  for  modeling  the 
effect  of  chirped  pulses  on  an  AM  receiver. 

DEGRADATION  WITH  OFF-TUNING 

The  following  is  a  discussion  of  how  degradation  can  be  modeled  as  the  pulsed 
interference  is  tuned  from  an  on  tune  case  (Af  =  0),  to  a  co  channel  case  (Af  <  BIF )  and 
finally  to  a  far  adjacent  channel  case  (Af »  B,  F ). 

Figures  6-24  through  6-31  show  the  AM  degradation  curves,  with  input  (S/t)  versus  Af, 
for  receiver  No.  1  and  non-chirped  rectangular  pulse  interference.  The  curves  show  the  RF 
input  (S/I)  level  which  corresponds  to  the  minimum  threshold  level  and  Al  levels  of  .7  and 
.3  for  various  degrees  of  off-tuning  (Af).  An  examination  of  these  figures  show  degradation 
trends  which  aid  in  predicting  pulsed  interference  to  AM  receivers.  The  most  noticeable 
trend  is  the  20  dB  per  decade  fall  off  of  the  minimum  interference  threshold,  .7  Al  and  .3AI 
curves.  This  indicates  that  the  interference  level  for  the  off  tuned  pulsed  interference  is 
determined  by  the  amount  of  interfering  power  within  the  IF  passband  since  the  envelope 
of  the  power  spectrum  for  non-chirped  rectangular  pulses  falls  off  at  20  dB  per  decade.  An 
examination  of  other  types  of  pulse  spectrum  revealed  the  same  trend.  Namely,  if  the  pulse 
were  a  cosine  squared  pulse  with  a  60  dB/decade  fall-off  rate,  the  degradation  curve  would 
also  fall-off  at  60  dB/decade. 

The  slope  of  the  degradation  curve  shown  in  Figure  6-31  is  more  than  20  dB  per 
decade.  The  reason  for  this  is  that  the  measurement  taken  at  1.0  MHz  occurs  at  a  null  in  the 
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Figure  6  28.  Input  Signal  to  Peak  Interference  as  a  Function  of  Af 
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Figure  6-29.  Input  Signal  to  Peak  Interference  as  a  Function  of  Af 
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Figure  6-31.  Input  Signal  to  Peak  Interference  as  a  Function  of  Af 
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pulse  spectrum.  This  curve  shows  thet  when  the  frequency  spacing  between  pulse  spectrum 
nulls  is  greeter  then  the  IF  bandwidth  the  degradation  measurement  will  follow  the  exact 
shape  of  the  interfering  pulse  spectrum  rather  than  the  envelope  of  the  pulse  spectrum.  This 
also  points  out  that  the  previous  comments  about  the  fall  off  refer  to  the  envelope  of  the 
spectrum  and  not  a  random  occurrence  of  the  nulls  and  peaks  of  the  spectrum.  The  figures 
also  show  that  the  break  point  for  the  20  dB  per  decade  fall-off  is  a  function  of  the  pulse 
width  of  the  interfering  signal  and  the  receiver  IF  bandwidth.  If  the  pulse  width  of  the 
interfering  signal  has  a  power  spectrum  with  a  mainlobe  approximately  equal  to  or  narrower 
than  the  IF  bandwidth,  the  break  point  will  occur  when  the  off  tuning  is  approximately  one 
half  the  iF  bandwidth.  Figures  6-25  through  6  30  (PW  >  200  jisec)  indicate  this  trend.  When 
the  mainlobe  of  the  interfering  pulse  spectrum  is  much  greater  than  the  IF  bandwidth,  the 
break  point  should  theoretically  occur  when  the  off  tuning  is  (1/irr) 

In  general,  it  appears  that  the  off  tune  pulse  problem  can  be  divided  into  three 
categories.  These  categories  are: 

1  Mainlobe  much  narrower  than  the  IF  bandwidth 

2.  Mainlobe  approximately  equal  to  the  IF  bandwidth 

3.  Mainlobe  much  wider  than  the  IF  bandwidth 

A 

Figures  6-32  through  6  36  show  the  AM  degradation,  input  (S/I)  versus  Af  for  receiver 
No.  1,  and  chirped  rectangular  pulse  interference.  The  figures  show  the  RF  input  (S/I)  level 
which  corresponds  to  the  minimum  threshold  level  and  Al  level  of  .7  for  various  degrees  of 
off-tuning  (Af).  The  dotted  lines  show  the  theoretical  envelope  of  the  pulse  spectrum.  The 
measured  data  was  not  taken  at  a  sufficient  number  of  Af's  to  accurately  define  the 
minimum  threshold  and  7  Al  levels  as  a  function  of  Af.  However,  the  measured  data  shown 

A 

in  Figures  6-32  through  6  36  indicates  that  the  RF  input  (S/I)  level,  for  minimum  threshold 
level  and  .7  Al  level  falls  off  at  the  same  rate  as  the  envelope  of  the  power  spectrum  of  the 
interfering  chirped  pulse  signal  This  was  also  discussed  in  the  previous  section  on  chirped 
versus  non-chirped  pulses.  Simulated  off  tune  degradation  curves  were  given  in  Figures  6-14 
through  6-17. 

DEGRADATION  WITH  OUTPUT  SIGNAL  TO  NOISE  RATIO 

The  output  (S/N)  characteristics  are  a  function  of  the  particular  recewer  and  the  input 
desired  signal  level.  The  output  (S/N)  characteristics  can  affect  the  performance  measured 
under  similar  input  siyial  ievels  or  input  signal  to- noise  ratios  (for  AM  receivers  having  the 
same  bandwidth  characteristics).  The  output  (S/N)  characteristics  also  determine  when  the 
degradation  becomes  strictly  a  function  of  the  input  (S/I)  ratio  rather  than  a  function  of 
interference  and  noise. 
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Figure  6-33.  Input  Signal  to  Peak  Interference  as  a  Function  of  Af 


Function 


ESO  TR  70-207 


Section  6 


6-54 


Figure  6-35.  Input  Signal  to  Peak  Interference  as  a  Function  of  Af 
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The  primary  indication  of  different  performance  degradation  levels  due  to  different 
receivers  or  the  same  receiver  with  different  signal  levels  is  given  by  the  upper  performance 
limit  (UPL).  The  UPL  is  the  highest  performance  level  obtainable,  without  interference,  for 
a  given  input  signal  level.  This  is  the  level  that  the  performance  (measured  with  interference) 
must  be  compared  with  to  note  the  relative  degradation  in  performance.  The  UPL  is 
governed  by  the  receiver  output  (S/N)  level  and  is  a  function  of  the  input  desired  signal  level 
and  the  dynamic  range  characteristics 

Dynamic  range  characteristics  are  graphs  of  the  output  voltage  level  or  the  output 
(S/N)  ratio  as  a  function  of  the  input  signal  level  Typical  dynamic  range  curves  showing  the 
(S/N)  or  SINAD  ratios  for  receiver  No  1  and  No  2  were  given  in  Section  5,  Figure  5  8. 
These  curves  show  the  audio  signal  plus  noise  plus  distortion  to  noise  plus  distortion  ratio 
(SINAD)  as  a  function  of  varying  input  signal  levels  Although  these  curves  are  similar  to  the 
dynamic  range  curves  specified  in  MIL  STD  449(reference  10),  there  is  actually  considerable 
difference  in  that  the  MIL  STD  449(reference  10)  curves  only  measure  the  total  voltage  and 
consequently  give  no  indication  of  performance  The  curves  shown  in  Figure  5  8  indicate  a 
power  ratio  which  can  be  related  to  the  performance  of  the*  system  The  SINAD  ratio  very 
closely  approximates  the  desired  signal  to  noise  plus  distortion  ratio  for  values  greater  than 
10  dB. 

The  series  of  tests  performed  for  this  investigation  specified  that  the  input  signal  level 
should  be  adjusted  to  a  level  30  dB  above  the  6  dB  AM  sensitivity  criteria.  This  means,  from 
an  examination  of  Figure  68.  that  the  input  signal  level  for  receiver  No.  1  was  adjusted  to 
-79  dBm  and  No.  2  was  adjusted  to  -72  dBm  This  corresponds  to  output  signal  to  noise 
plus  distortion  ratios  of  26  5  and  20  0  dB.  respectively. 

These  output  ratios  are  actually  less  than  the  theoretical  output  ratios  because  of  the 
nonlinear  distortion  generated  within  the  receiver  The  ideal  signal  to  noise  curves  are  also 
shown  in  Figure  68  and  increase  at  a  1  to  1  ratio  (i.e  .  a  dB  change  on  the  input  corresponds 
to  a  dB  change  on  the  output)  These  curves  indicate  that,  ideally,  output  (S/N)  ratio  should 
have  been  37  dB  for  the  input  signal  level  used  in  this  investigation. 

The  difference  between  the  UPL  (S/N)  of  receiver  No.  1  and  No.  2  is  6.5  dB.  This  also 
means  that,  in  general,  the  performance  with  interference  present  will  be  lower  for  receiver 
No.  2  than  No  1  for  the  input  desired  signal  levels  used  in  this  investigation.  However,  this 
type  of  trend  should  be  more  apparent  at  low  interference  levels  (high  Al  or  threshold 
values)  than  at  levels  at  which  the  peak  interference  is  much  larger  than  the  noise  level.  At 
large  negative  (S/I)  ratios  the  results  should  be  independent  of  the  S/N  ratio.  This  general 
trend  is  "qualitatively”  indicated  by  the  difference  between  the  same  degradation  levels  for 
receiver  No.  1  and  No.  2  shown  in  Table  6  4.  In  this  table,  the  (S/I)  ratios  for  the  same  Al 
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TABLE  B4 

DIFFERENCE  IN  INPUT  (S/I)  FOR  RECEIVER 
NO.  1  AND  NO.  2 


HIGH  Al 

SCORES 

Pulse 

Width 

PRF 

(PPS) 

Al 

Receiver 

No.  1 

(S/0  in  dB 

Receiver 

No.  2 
(S/0  in  dB 

A 

5  ni 

300 

89 

12 

o 

12 

100  ms 

80 

88 

5 

0 

5 

100  ms 

300 

85 

7 

0 

7 

200  MS 

40 

89 

0 

0 

0 

80 

.87 

5 

0 

5 

40 

.87 

3 

0 

3 

LOW  Al  SCORES 

A  Avg.  = 

5.3 

100  ms 

400 

79 

4 

0 

4 

200  ms 

400 

.75 

6 

10 

-  4 

400  ms 

80 

.80 

3 

9 

-  6 

400  ms 

400 

.76 

8 

10 

-  2 

400  ms 

400 

.67 

6 

0 

6 

1000  ms 

40 

.80 

-  1 

0 

-  1 

1000  ms 

80 

.81 

4 

10 

-  6 

1000  ms 

80 

73 

1 

0 

1 

1000  ms 

.76 

10 

10 

0 

A  Avg.  =  -1 
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score  are  averaged  for  different  PW,  PRF  conditions  The  results  show  that  the  average 
difference  is  —  1  dB  for  the  lower  Al  scores,  while  the  difference  is  5  dB  for  the  higher  Al 
scores.  These  results  are  somewhat  qualitative  since  only  a  limited  amount  of  data  was 
available  for  comparison  due  to  the  audio  limiter  employed  in  receive'  No.  2  This  limited 
the  data  that  could  be  used  foi  comparison  to  (S/I)  values  higher  than  the  limit  level  of 
approximately  6  dB 

The  degradation  from  the  same  receiver  can  also  be  different  due  to  different  output 
(S/N)  ratios.  This  type  of  problem  essentially  divides  into  those  associated  with  input  signal 
levels  below  the  knee  of  the  dynamic  range  curve  and  those  above  the  knee  and  below 
saturation.  In  the  first  case  the  performance  is  increasing  with  increasing  output  ‘.S/N)  ratio 
and  is  shown  in  Figure  6  37  for  receiver  No.  2  Input  signal  levels  that  are  above  the  knee 
result  in  approximately  the  same  (S  N)0  levels  and  consequently  should  result  in  the  same 
input  (S/I )  levels  for  the  same  Al  criteria.  This  is  shown  in  T able  6  5  which  summarizes  the 
input  (S/I)  ratios  obtained  with  receiver  No  1  for  the  two  signal  levels  at  an  Al  criteria  of 
5  This  shows  an  average  difference  of  only  1  1  dB 

As  previously  discussed,  the  higher  performance  levels  are  greatly  affected  by  the 
output  (S/N)  ratios  This,  in  jjarticular  includes  the  threshold  levels,  averaged  over  all  pulse 
widths,  that  were  measured  for  this  test  This  can  best  be  seen  by  examining  Figure  6  38 
which  shows  how  the  threshold  is  a  function  of  the  output  signal  to  peak  to  peak 
interference  and  the  output  (S  N)  ratio  Thes<  measurements  essentially  show  that  the 
threshold  level  changes  by  approximately  19  dB  when  the  output  (S/N)  ralio  changes  from 
10  to  40  dB  The  10  to  40  dB  output  (S  N)  range  represents  the  range  over  which  most 
receivers  operate  Figure  6  38  will  be  further  discussed  in  the  minimum  interference 
threshold  effects  discussion 

In  summary,  the  relationship  of  performance  to  the  output  (S/N)  ratio  has  been 

A 

discussed.  It  has  been  shown  that  performance  is  a  function  of  the  input  (S/I)  ratio  only  for 
high  input  siyial  levels.  This  high  level  condition  is  represented  by  output  (S/N)  ratios  above 
10  dB  For  low  or  sensitivity  type  input  signal  levels  (i.e  ,  output  S/N  ratios  of 
approximately  6  dB)  the  interference  problem  becomes  a  function  of  both  interference  and 
noise.  In  this  region  the  interference  effects  discussed  in  this  report  are  partially  hidden  by 
the  noise.  In  general,  a  comparison  between  the  performance  levels  of  two  receivers  should 
not  be  made  without  considering  the  input  and  the  corresponding  output  (S/N) 
characteristics. 

BASEBAND  POWER  RATIOS 

The  following  is  a  discussion  of  the  modeling  trends  obtained  from  an  examination  of 
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TABLE  6-6 

AVERAGE  DIFFERENCE  FOR 
THE  INPUT  SIGNAL  TO-PEAK 
INTERFERENCE  RATIO  FOR 
TWO  SIGNALS 


Al 

Pulse 

Width 

PRF 

Ipps) 

Af 

(kH*| 

S  *  -79  dBm 
(S/ll  in  dB 

S  *  -40  dBm 
(S/I)  in  dB 

AS 

5 

100  <is 

40 

0 

-20 

-21 

1 

3 

- 18.5 

-18 

0.5 

25 

-43 

-43 

0 

100 

-58 

60 

2 

400 

0 

-  7 

-  6.0 

1 

3 

8 

5.0 

3 

25 

-  25 

-24 

1 

100 

-41 

-40 

1 

.5 

400  ns 

40 

0 

-12 

-12 

0 

100 

-52 

-50 

2 

400 

0 

0 

0.0 

0 

100 

-37 

-36 

1 

.5 

1000  ms 

40 

0 

-12 

-13 

1 

100 

-51 

-49 

2 

400 

0 

2.5 

1.0 

1.5 

100 

-37 

-36 

1 

A  Avg.  =  1.1 
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the  baseband  (audio)  output  power  ratios  An  examination  ot  this  data  is  important  since 
baseband  measurements  are  the  easiest  type  of  degradation  measurement  to  make  If 
baseband  power  ratios  can  be  simply  associated  with  performance  degradation,  a  number  of 
future  measurements  and  receiver  modeling  simplifications  are  feasible 

Baseband  power  ratio  measurements  (the  ratio  of  two  measured  power  quantities  eg, 
signal  to-notse  ratio)  typically  include  the  types  shown  in  Table  6  6.  The  first  three 
measurements  in  the  "Measurement  Ratio"  column  include  those  types  typically  obtained 
with  a  distortion  analyzer  This  method  is  not  ideally  suited  to  degradation  measures  since 
the  degradation  is  proportional  to  the  desired  to  undesired  signal  ratio  It  is,  therefore, 
desirable  to  convert  this  data  to  the  format  shown  in  column  two 

The  last  measurement  in  the  first  column  is  essentially  the  measurement  of 
signal  to  peak  output  interference  This  measurement  is  appropriate  to  this  particular  study 
because  the  interference  is  pulsed  and  consequently  the  output  performance  degradation 
may  be  related  to  the  signal  to  peak  interference  The  presentation  of  the  data  is  again  more 
appropriate  to  degradation  analysis  in  the  signal  to  peak  interference  format  rather  than  the 
signal  plus  peak  interference  to  peak  interference  format  The  peak  interference  could  be 
measured  in  terms  of  a  zero  to  peak  or  a  peak  to  peak  reading  Since  the  output  pulse  is  not 
generally  symmetrical  (see  Section  4  for  a  discussion  of  output  pulse  shapes)  due  to  the 
ringing  of  the  various  filters  in  the  receiver  the  peak  to  peak  measurement  was  used. 
However,  the  zero  to  peak  pulse  .power  can  be  obtained  approximately  by  reducing  the 
interfe'ence  peak  to  peak  measurement  by  3  dB  This  corresponds  to  adding  3  dB  to  the 
signal  to  oeak  to  peak  interference  ratio  (i.e  (S  l0pl0  *  *5  lpp)D  4  3  dB). 

The  two  types  of  baseband  measurements  listed  m  Table  6  6  consist  of  RMS  (average 
power)  or  peak  voltage  type  measurements  An  examination  of  Al  in  terms  of  rhe  average 
output  (S/I)  ratio  led  to  no  significant  parameter  trends  The  output  Al  curve  was, 
therefore,  plotted  for  average  PW,  PRF  and  off  tuning  and  is  shown  in  Figure  6  39  along 
with  the  variability  (tin  limits)  in  the  measurements  This  figure  also  shows  the  theoretical 
VIAS  response  curve  with  noise  interference  (reference  25)  An  examination  of  these  curves 
indicates  a  close  agreement  between  the  pulsed  interference  and  baseband  noise  measure 
ments.  This  figure  also  implies  that  the  A I  score  for  pulse  interference  is  uniquely  related  to 
the  pulse  input  (S  I)  ratio. 

An  examination  of  Al  in  terms  of  the  peak  to  peak  output  (S/1)  ratio  indicated  a 
significant  PRF  degradation  trend  This  is  shown  in  Figure  6  40 along  with  the  measured 
variability  (±  1o  limits)  in  which  the  PW  and  off  tuning  parameters  have  been  averaged  The 
80  PRF  curve  in  this  figure  is  22  dB  more  negative  than  the  average  output  power  ratio 
curve  of  Figure  6-39  The  majority  of  this  difference  should  be  due  to  the  duty  cycle 
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TABLE  64 

COMMON  OUTPUT  BASEBAND  POWER  MEASURES 


Measurement  Ratio 


Degradation  Ratio _  Comments 

(S/N)0  Standard  idealized  output 


(SINAD) 


SI  NAD  measurement 
technique  applied  to 
pulsed  interference 


4 


o 


Special  measurement  for 
peak  type  interference 


I 


,  II 

mi 


SfilEii; 
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difference  between  the  peak  and  average  curves  The  average  duty  cycle  (on  tune  and 
off  tune)  for  the  80PRF  pulsed  curve  was  found  to  be  15  dB.  In  addition  to  this  basic 
difference  a  peak  to  peak  factor  and  the  shape  of  the  pulse  should  be  taken  into 
consideration  A  further  examination  of  this  difference  can  be  found  in  the  discussion  of 
audio  threshold  effects. 

Figures  6  39  and  6-40  indicate  that  both  peak  and  average  output  power  ratios  can  be 
used  for  measurements  and  prediction  purposes  to  simply  obtain  an  estimate  of  a  particular 
performance  degradation  criterion  As  a  particular  example  it  is  only  necessary  to  measure  a 
-14  dB  output  (S/Ipp)  ratio  for  a  I  on  tune  and  ofl  tune  pulsed  conditions  with  a  PRF  of 
80  pps  to  maintain  an  Al  score  of  J. 

It  is  also  advantageous  to  be  able  to  convert  the  output  degradation  curves  that  have 
been  described,  or  other  output  degradation  functions,  to  receiver  input  performance 
degradation  criteria.  This  can  be  simply  accomplished  through  the  use  of  a  transfer  function 
that  relates  the  input  (S/D  power  ratio  to  the  output  (S  I)  power  ratio.  This  process  is 
symbolized  in  Figure  6  41  These  transformations  are  complex  (unlractable)  functions  of 
the  PW,  PRF,  detector  and  the  filter  characteristics  Both  the  average  output  and  the  peak 
output  transfer  curves  were  measured  for  the  typical  AM  system  (receiver  no.  1)  being 
considered  and  are  given  in  Figures  III  107  to  III  161  of  Appendix  III.  The  average  transfer 
curves  were  also  simulated  and  are  shown  compared  to  the  measured  curves  in  Figures  6-42, 
6-43  and  6  44.  These  curves  again  show  a  close  agreement  between  the  simulated  and 
measured  data  which  was  previously  discussed  m  the  simulation  section.  Although  the 
peak -to- peak  curves  were  not  simulated  they  could  have  been  generated  through  the 
simulation  process.  The  average  or  peak  to  peak  transfer  curves  can  be  used  with  the 
appropriate  degradation  curves  to  relate  the  system  output  to  the  system  input.  These 
curves,  in  conjunction  with  the  average  Al  curves,  can  be  used  to  obtain  a  solution  to  the 
voice  degradation  problem.  They  can  also  be  used  with  other  types  of  output  degradation 
criteria  (i.e.,  such  as  the  S/N  corresponding  to  a  particular  error  rate  for  a  digital  system)  to 
obtain  solutions  for  digital  and  analog  systems 

In  summary,  it  has  been  shown  that  either  the  peak  to  peak  or  average  output  power 
ratios  can  be  used  for  measurement  or  prediction  purposes  to  determine  output  degradation 
criteria  for  voice  systems  A  number  of  power  transfer  functions  that  can  be  used  in 
degradation  calculations  for  voice,  digital  or  analog  systems  have  also  been  discussed. 
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MINIMUM  INTERFERENCE  THRESHOLD  DEGRADATION  EFFECTS 


The  following  is  a  discussion  of  the  modeling  of  minimum  interference  threefold 
effects.  A  minimum  interference  threshold  is  the  level  at  which  the  interference  is  first 
observed.  For  the  audio  case  this  is  the  level  at  which  the  pulsed  interference  is  first  heard. 
This  is  an  important  degradation  response  to  obtain  since  the  input  (S/T )  ratio  or  the  peak, 
input  interference  level  obtained  from  this  test  is  a  conservative  (or  safe)  criteria.  In 
particular,  the  levels  recorded  for  this  test  are  just  detectable  under  optimum  listening 

conditions  and  would  not  necessarily  be  observed  in  less  ideal  situations.  If  the  interference 

* 

level  can  be  kept  less  than  the  threshold,  all  pulse  degradation  problems  can  be  avoided. 

At  the  minimum  interference  threshold  level  there  is  no  practical  degradation  in  the 
intelligsbtlitv  of  a  voice  message  from  pulsed  interference  This  statement  is  not  generally 
applicable  to  all  types  of  desired  and  undesired  signals 

The  following  threshold  evaluation  is  divided  into  a  discussion  of  overall  receiver 
measurements  and  a  discussion  of  a  set  of  measurements  performed  entirely  at  baseband. 

Receiver  Threshold  Measurements 

Tables  III  1  and  III  2  summer  ire  the  minimum  interference  thresholds  measured  on 
receiver  No.  1  for  chirped  and  non  chirped,  rectangular  pulsed  interference.  Tables  1 1 1-3  and 
III  4  show  the  minimum  interference  thresholds  for  receiver  No  2  with  a  chirped  and 
non  chirped  rectangular  pulsed  interference 

For  the  range  of  interfering  signal  parameters  that  were  measured,  Tables  111-1  and 
1113  indicate  the  following  general  trends  for  non  chirped  interference 

A 

1.  For  fixed  PW  and  Af,  the  required  input  (S/I)  generally  becomes  more 
positive  as  the  PRF  is  increased. 

A 

2.  For  fixed  PRF  and  Af,  the  input  (S/I)  becomes  slightly  more  positive  as  the 
PW  is  increased 

Tables  111-2  and  111-4  show  that  trends  1  and  2,  listed  above,  also  apply  for  a  constant 
chirp  rate.  Tables  1 11-2  and  1 11-4  also  show  that  for  the  on-tune  case  (Af  =  0)  the  minimum 
interference  level,  (S^),  becomes  more  negative  as  the  chirp  rate  is  increased.  The  reason  for 
this  is  that  the  interfering  power  within  the  IF  passband  decreases  as  the  chirp  rate  is 
increased. 
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Figure  6-46  tftows  input  (S/I )  versus  off-tuning  for  receiver  No.  1.  The  data  is  plotted 
for  an  average  PW  (ail  PW's  art  averaged  except  the  5  psec  pulses)  and  individual  PRFs.  This 
figure  shows  a  log  PR F  trend  for  minimum  interference  thresholds  A  similar  PRF  trend  was 
previously  noted  for  degradation  in  terms  of  At  (see  the  Degradation  With  Pulse  (late 
section). 

Audio  Threshold  Measurements 

The  objective  of  this  portion  of  the  pulsed  investigation  was  to  obtain  baseband 
degradation  criteria  that  could  be  used  with  the  simulation  program  to  obtain  an  overall 
voice  receiver  modeling  capability  (in  terms  of  thresholds  and  Al  degradation).  In  order  to 
obtain  this  type  of  information  it  is  necessary  to  know  how  the  thresholds  vary  with 
baseband  power  ratios  (not  receiver  input  ratios),  since  this  is  the  normal  output  of  the 
simulation  model.  Therefore,  a  second  set  of  threshold  measurements  was  made  at  the 
detector  output  The  measurements  were  made  directly  feeding  the  desired  and  interfering 
signals  into  the  audio  filter  m  order  to  accurately  control  the  audio  signal  levels.  The 
baseband  signal  level  could  not  be  accurately  controlled  when  the  desired  and  interfering 
signals  were  fed  into  the  RF  input  because  of  the  variability  due  to  the  measurement 
technique  and  the  inherent  receiver  nonl  mean  ties  The  test  was  run  as  though  an  idealized 
detector  output  signal  was  available  as  the  input  to  a  baseband  audio  filter  The  test 
procedure  is  described  in  Section  5  and  is  basically  summarized  in  Figure  5  12  which  shows 
the  measurement  block  diayam  The  basic  difference  between  this  test  and  the  previous  test 
is  that  idealized  rectangular  pulses  from  a  pulse*  generator  were  used  as  inputs  to  the  audio 
filter  The  results  of  this  test,  averaged  over  three  observers  and  PW's  from  100  P  sec  to 
1.000 psec.  are  shown  in  Figure  6  38  This  figure  shows  that  the  actual  audio  threshold  is  a 
function  of  the  audio  (&N)  and  the  output  signal  to  peak  interference  (S/I )Q,  or 
equivalently,  the  output  peak  interference  to  noise  (l/N)Q.  From  these  figures  the  output 
signal  to- peak  to  peak  interference  (S/lpp)Q  in  dB  required  for  a  minimum  audio  threshold  is 
given  by 

800 

(Sr  I pp)0  -  7  ♦  62  (S/N)q  -  12  Log  ^  (6-6) 

It  is  also  true  that 

(Ipp/NIj,  -  (S/N)q  -  (S/IPP)0  (6  7) 

so  that  the  output  (lpp  N)Q  can  be  obtained 

This  indicated  the  same  result  that  was  contained  in  the  overall  receiver  measurements. 
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The  audio  threshold  model  given  by  Equation  (6-6)  can  be  used,  with  the  transfer 
function  described  in  the  simulation  portion  of  Section  4,  to  obtain  an  automated  threshold 
level.  This  threshold  and  the  Al  degradation  model  bracket  the  usable  range  of  degradation 
from  threshold  to  a  loss  of  intelligibility. 

AUOIO  LIMITING 

The  following  discusses  the  effect  of  an  audio  noise  limiter  in  the  receiver  signal 
processing  circuitry.  This  circuit  is  designed  to  limit  peak  noise  signals  that  exceed  a  given 
voltage  level  in  the  audio  circuits  Although  the  limit  level  is  adjustable  (within  the  receiver 
chassis),  one  level  is  present  for  all  noise  signals  The  circuit  also  clips  all  interfering  signals, 
especially  pulsed  interfering  signals,  that  exceed  the  limn  level  Ideally,  the  limit  level  is  set 
to  a  point  above  the  average  signal  level  which  does  not  affect  the  desired  information 
intelligibtlitv.  The  test  results  used  50%  modulation  for  average  signal  levels  with  voice  peaks 
representing  approximately  100%  modulation  Thus,  a  clipping  level  set  for  a  signal  to  peak 
interference  output  ratio  of  6  dB  resulted  in  the  pulse  interference  being  limited  at  the 
peak  voice  levels.  This  result  is  shown  in  Figure  6  46  in  which  the  input  (S/I)  versus  the 
output  (S/I pp)  is  shown  for  receiver  No  2  with  the  limiter  and  receivers  No.  1  and  No.  2 
without  the  limiter  Fibres  647  and  6  48  show  the  audio  output  waveform  with  and 
without  the  limiter.  Fi^jre  646  shows  the  knee  of  the  iimiter  curve  to  be  above  -7  dB  for 
receiver  No.  2.  This  h<*jre  also  shows  that  by  removing  the  limiter  the  linear  range  increased 
by  almost  13  dB.  This  change  is  not  as  large  or  infinite  as  theoretically  would  be  expected, 
due  to  AGC  saturation  effects  (see  Section  4).  This  also  shows  that,  although  the  audio 
limiter  clipped  the  pulsed  interference  and  kept  the  performance  degradation  to  a  low  level, 
the  receiver  would  have  saturated  at  only  a  13  dB  higher  output  level 

The  performance  degradation  as  measured  by  A I  for  receivers  No.  2  and  No.  1  (with 
and  without  limiting,  respectively)  is  shown  in  Figure  6  49  This  figure  shows  that  the  audio 
noise  limiter  decreases  the  effect  of  pulsed  interference  As  a  particular  example,  this  figure 
show*  the  receiver  with  the  audio  limiter  can  tolerate  a  77  dB  higher  interference  level  than 
the  receiver  without  the  limiter  for  the  same  A I  score  of  .6. 

The  same  type  of  general  trend  can  be  found  in  Appendix  III  by  an  examination  of  the 
curves  of  receivers  No.^1  and  No.  2.  This  pattern  can  also  be  shown  on  a  plot  of  the  Al  score 
(for  the  same  input  S/I  ratios)  of  one  receiver  versus  the  other  Figure  6  50  compares  the  Al 
scores  for  three  differennt  FNV  and  PRF  combinations.  This  figure  again  shows  that  the 
receiver  with  the  audio  limiter  is  performing  better  in  terms  of  Al  than  the  other  receiver. 

The  Al  degradation  measure  is.  howrever.  only  part  of  the  solution  to  this  problem. 
This  measure  has  been  primarily  used  in  this  report  as  a  tractable  measure  of  a  decrease  in 
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Figure  6  47.  Audio  Output  with  L muter  On 
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Figure  6  48.  Audio  Output  with  Limiter  Off 
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Articulation  Index  for  Pulse  Interference  to  an  AM  Receiver 
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intelligibility.  The  true  picture  ot  what  is  happening  to  intelligibility  can  only  be  obtained  in 
terms  of  Articulation  Score  (AS). 

Fipjre  6-51  shows  the  relationship  between  AS  and  Al  for  the  two  receivers  averaged 
over  the  PW  and  PRF  parameters  used  in  this  investigation  The  curve  tor  receiver  No.  1  was 
previously  discussed  in  the  section  on  intelligibility 

This  fifpjre  shows  that,  in  terms  of  intelligibility,  the  two  receivers  ate  performing  in  a 
similar  fashion  The  performance  of  the  receiver  with  the  limiter  is  slightly  better  at  high 
intelligibility  levels,  while  the  performance  of  the  receiver  without  the  limiter  is  somewhat 
better  at  lower  intelligibility  levels 

Ir.  summary,  this  section  has  shown  that  an  audio  noise  limiter  in  an  AM  receiver 
improves  the  low  Al  scores  m  terms  of  the  input  (S  'T)  ratios  (It  can  also  be  postulated  that 
an  RF  or  IF  limiter  with  a  similar  clipping  Uwel  would  improve  the  performance  by  a  similar 
amount.)  The  mteiligbiltty.  measured  in  terms  of  AS.  was.  however  maintained  about  the 
same  with  and  without  a  limiter 

AGC  AND  AMPLIFIER  SATURATION  EFFECTS 

The  following  is  a  discussion  of  The  degradation  effect  of  AGC  action  and  amplifier 
saturation  that  occurs  at  low  PRFs 

Fibres  III  13  through  III  46  m  Appendix  III  show  the  AM  degradation  curves  for  Al 
versus  RF  input  (SI)  ratio  for  receiver  No  1  The  AM  degradation  curves  for  the 
non  chirped  rectangular  pulse  interference  at  low  PRFs  (10.  40  and  80  pps)  indicate  the 
receiver  becomes  saturated  at  certain  input  (s4>  levels.  The  saturation  levels  were  obtained 
from  the  intersection  of  strait  lines  fit  to  the  data  Table  6  7  summaries  the  Al  scores 
and  the  saturation  levels  measured  for  receiver  No  1  with  a  slow  AGC  response  setting.  As 
previously  reported  (see  Section  4)  using  the  fast  or  slow  time  constant  had  no  effect  on  the 
measurements. 

The  average  saturation  I  are!  for  a  40  pps  rate  was  found  to  be  -18  dB  for  an  Al  score 
of  .41.  The  receiver  becomes  saturated  because  at  low  PRF  rates  the  interference  does  not 
affect  the  DC  level  of  the  AGC  bias  line  (see  Section  4  for  a  discussion  of  AGC  action). 
Since  the  AGC  does  not  respond  to  these  pu'ses^and  lower  the  overall  gain  of  the  receiver, 
the  large  interfering  pulse  (these  cases  are  all  for  I  »  S)  overdrives  an  amplifier  stage  and  is 
clipped  or  limited.  Therefore,  the  interfering  pulse  is  reduced  with  no  additional  degrading 
effect  of  the  desired  sitpial  This  effect  is  important  primarily  in  the  intelligibility 
degradation  region  (i.e.,  I  >S)  and  not  important  in  the  minimum  threshold  degradation 
region  (i.e.  S»  I). 
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Saturation  begin*  to  affect  the  linear  response  for  Al  scores  of  approatmately  .3  and  a 
PRF  of  40  or  lower.  Figu re  6-52  and  Figure  6  53  compare  the  .3  Al  off  tuned  response  for  a 
PW  of  200  mssc  and  a  PRF  of  80  and  40,  respectively.  The  first  figure  obtained  for  an 
80  pps  rate,  shows  close  agreement  between  the  simulated  output  (obtained  without  an 
AGC  model)  and  the  measured  data  The  second  figure,  obtained  for  a  40  pps  rate,  shows 
considerable  difference  between  the  simulated  output  (without  AGC)  and  the  measured 
output  with  AGC. 

A  companion  of  the  non  chirped  and  chirped  interference  degradation  curves  shows 
the  non  chirped  pulse  has  a  lower  saturation  level  (this  data  is  also  summarized  in  Table  6-6) 

A 

than  the  chirped  pulse  for  a  given  PW.  PRF  and  (S/I),*  level.  The  reason  for  this  difference 
is  the  mamlobe  of  the  chirped  pulse  interference  spectrum  is  spread  proportional  to  the 
chirp  rate  causing  less  interfering  power  m  the  IF  passband 

The  saturation  levels  for  two  different  input  signal  levels  (  79  dBm  and  -40  dBm)  are 
also  shown  m  Table  ft  7  This  shows  that  saturation  level  is  independent  of  signal  levels  and 
can  be  completely  described  by  the  input  (S/T)  power  ratio  This  effect  is  due  to  the  AGC 
action  which  has  lowered  the  gam  for  the  hi^er  input  signal  level  The  AGC  is,  however, 
still  responding  to  the  pulses  m  the  same  manner  as  it  responded  for  the  lower  signal  level 
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SATURATION  BREAKPOINTS  FOR  AM 
RECEIVER  NO.  1 

Figure  Signal  Chirp 

Number  (dBm)  (k  Hi ) 


Average  breakpoint  for  PRF 
Average  breakpoint  for  PRF 
Average  breakpoint  for  PRF 


4-29 

-40 

4-30 

-40 

4-32 

40 

4-33 

-40 

4-35 

-40 

4-36 

-40 

Average  breakpoint  for  PRF  -  10 
Average  breakpoint  for  PRF  *  40 


Average  breakpoint  for  PRF  =  40 
Average  breakpoint  for  PRF  =  80 


Pulse 

Width 


100  Mi 

100  ms 
200  ms 
200  ms 
400  ms 
400  ms 
400ms 


hi  i  i] 


1000ms 
1000  ms 


PRF 

(PPS) 

£1 

(kHz) 

8k  Pt 
(dB) 

40 

0 

-20 

80 

0 

-25 

40 

0 

16 

80 

0 

-11 

10 

0 

16 

40 

0 

16 

80 

0 

15 

10 

0 

15 

40 

0 

20 

80 

0 

~13  l 

100  ms 

10 

0 

100  ms 

40 

0 

400  ms 

10 

0 

400  ms 

40 

0 

1000  ms 

10 

0 

1000  ms 

40 

0 

100  ms 

40 

100  ms 

80 

200  ms 

40 

200  ms 

80 

